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Fabian Gottsch*, Noboru Osawa', Issei Kanno', Takeo Ohsekil, Giuseppe Caire*

Abstract—We consider a user-centric cell-free massive MIMO
wireless network with L remote radio units, each with A
antennas, serving K single-antenna user devices (UEs). Most of
the current literature considers the regime L1/ » K, where the
K UEs are active on each time-frequency slot, and evaluates the
system performance in terms of ergodic rates. In this paper, we
take a quite different viewpoint. We observe that the regime of
LM » K corresponds to a lightly loaded system with low sum
spectral efficiency (SE). In contrast, in most relevant scenarios,
the number of UEs is much larger than the total number of
antennas (think of a sport event with X' ~ 10,000 users and
ML ~ 200 antennas). To achieve high sum SE and handle
K » ML, users must be scheduled over the time-frequency
resource. The number of active users K,.. < K must be carefully
chosen such that: 1) the network operates close to its maximum
SE; 2) the active user set must be chosen dynamically over
time in order to enforce fairness in terms of per-user time-
averaged throughput rates. The fairness scheduling problem is
canonically formulated as the maximization of a suitable concave
componentwise non-decreasing network utility function of the per-
user rates. The intermitted user transmission due to scheduling
imposes slot-by-slot coding/decoding, which in turn prevents the
achievability of ergodic rates. Hence, we model the per-slot ser-
vice rates using information outage probability. In order to obtain
a tractable problem, we make a ‘“decoupling” assumption on the
CDF of the instantaneous mutual information seen at each UE &
receiver. We approximately enforce this condition by introducing
a conflict graph that prevents the simultaneous scheduling of
users with large pilot contamination conflict and propose an
adaptive scheme for instantaneous service rate scheduling based
on locally estimating the mutual information CDF at each UE.
Overall, the proposed dynamic scheduling is the first to address
such system dimensions with tens of thousand users in a scalable
way, is robust to system model uncertainties, and can be easily
implemented in practice.

Index Terms—User-centric, cell-free massive MIMO, fairness,
scheduling, information outage probability.

I. INTRODUCTION

Multiuser Multiple-Input Multiple-Output (MU-MIMO) has
been widely investigated from a theoretical viewpoint [1]—
[4] and has become a cornerstone technology to achieve
high spectral efficiency and serve a large number of user
equipments (UEs) in both cellular [5]-[7] and local area
wireless networks (see [8], [9] and references therein). Mas-
sive MIMO is a convenient implementation of MU-MIMO
where the number of base station (BS) antennas M is much
larger than the number of simultaneously served UEs [6],
[10]. While massive MIMO was originally proposed for
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cell-based systems with per-BS processing [10]-[12], more
recently the concept of cell-free user-centric networks has
been promoted in order to provide a more uniform service
to very densely packed users [7], [13]-[17]. In this paper
we refer to the disaggregated reference model of 3GPP [1§]
(see Fig. 1) and consider a system formed by L radio
units (RUs), each equipped with M antennas, connected to
decentralized processing units (DUs) via a flexible fronthaul
network. The RUs implement basic low-level PHY functions,
such as FFTs/IFFTs for OFDM modulation, A/D and D/A
conversion, and baseband/RF modulation/demodulation. The
DUs implement the high-level PHY functions such as MIMO
precoding/detection and coding/decoding of the individual
user data streams. Higher layer functions such as user-centric
cluster formation, pilot and power allocation, and dynamic
scheduling, are implemented at a higher hierarchical level by
one or more centralized units (CUs). We focus on scalable
systems as defined in [7], [15], where each UE k € [K]' is
associated to a user-centric finite size set Cy, of RUs and each
RU ¢ € [L] serves a finite size set U, of UEs.

A. Motivation

Early works on cell-free massive MIMO assumed M = 1
and L > K [7, Ch. 2]. Recognizing that the placement of
“more RUs than UEs” is hardly justifiable from an operator de-
ployment cost viewpoint, more recent works have considered
a more realistic RU/UE density regime L < K < LM with
M >1 (e.g., see [7], [15]-[17], [19]). In these works, the K
UE:s are all simultaneously active and the system performance
is studied in terms of the per-user ergodic rates (e.g., see [0],
[71, [15]-[17]). However, the achievability of ergodic rates
assumes that coding can be performed over a sufficiently
large sequence of independent channel fading states, implying
continuous transmission over many time-frequency slots. This
assumption may be incompatible with dynamic scheduling and
per-slot coding/decoding, as well as with the “low latency”
requirement, which is as a key feature of 5G [20], [21].

We claim that the regime K < LM with continuous trans-
mission is not a practical regime of interest for such networks.
Instead, a much more relevant regime is K >» LM where
users must be scheduled over the time-frequency resource.
Furthermore, we also claim that the per-user ergodic rate is not
a significant performance metric in this scenario. Instead, the
per-user (long-term average) throughput rate is a much more
meaningful metric. In this sense, we must distinguish between
the instantaneous rate scheduled to the K, < K active users

'We denote the set of the first positive N integers by [N] = {1,..., N}.
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Fig. 1: Left: a sketch of the distributed cell-free user-centric network. Right:
a sketch of the disaggregated network architecture. The cluster processors are
hosted in the DUs. The CU hosts centralized (low complexity) processes, such
as the user scheduler studied in this paper.
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Fig. 2: Sum throughput rate and the empirical CDF of the user throughput
rate for different K, where all other system parameters are fixed.

on each given scheduling slot, and the throughput rate that
each user accumulates as a time-average over a long sequence
of slots. It is clear that some fairness criterion must be imposed
such that all users get a chance to be scheduled over time and
achieve a non-zero throughput rate, even though only a subset
of active users is served with a positive instantaneous rate on
each scheduling slot.

To motivate the problem, consider Fig. 2 (a), showing the
total spectral efficiency (SE), i.e., the sum throughput rate,
in bits per channel use (or bit/s/Hz) for the reference system
described in Section V with LM = 200, where L = 20,
M = 10, as a function of the number of users K, when all
users are continuously active and encoding/decoding is done
on blocks of F' = 10 resource blocks (RBs) in frequency.
We notice that for K much smaller than LM the SE is small
and grows linearly with K. Interestingly, most of the current
literature has focused on this lightly loaded regime of low total
SE and relatively high per-user rates (see the corresponding
cumulative distribution function (CDF) in Fig. 2 (b)). As K
increases, the SE “flattens out” and reaches its peak. Near the
maximum SE, the per-user throughput rates collapse (see the
corresponding CDF in Fig. 2 (b)). If K keeps increasing, the
SE slightly decreases, showing that in this regime the system
becomes congested.” Hence, a good scheduler should choose
the number of active users K, (slightly) on the left of the
SE peak, i.e., at the end of the “linear regime” of SE vs.
the number of active users. Beyond this point, a marginal
increase of the SE is achieved at the cost of a large fraction of

20f course, mathematically, if one can optimize the system with full
statistical information and just care about the SE, the optimized SE cannot
decrease as K increases because the optimal scheme would allocate power
in a way that eventually some users will get almost zero power and therefore
“disappear” effectively from the system. However, the point we want to make
here is that if we insist on equal transmission power per UE in the UL or per
DL stream, and keep serving more and more users, the “naive system” not
only reaches an interference limited regime, but also decreases its overall SE
performance since it enters a congested regime.

users with very small rates, which does not make sense from
a practical service viewpoint. Extensive system simulation
shows (see also our short conference version [22] of this work)
that K, =~ % is usually a good choice, and the exact
number is a design parameter that depends on the level of
frequency diversity F, and the desired tradeoff between sum
SE and per-user throughput rate.

In order to gain intuition into the problem at hand, consider
for example a system where the total bandwidth is partitioned
into 100 frequency resource blocks (RBs) per time slot, serving
a total number of 10, 000 users with L = 20 RUs with M = 10
antennas each (e.g., see the real-world deployment in [23]).
Every active user is allocated a block of F* = 10 RBs in
frequency to achieve a certain level of frequency diversity.
Thus, the scheduler dynamically chooses on every slot a set
of Kact ~ £ = 100 users out of 1,000 per RB in order
to exploit the total system spatial degrees of freedom. The
scheduler must also allocate an “instantaneous” rate to each
active user since encoding/decoding is performed block by
block, i.e., coding over a virtually infinite sequence of fading
states is not possible. In this case, the instantaneous rate
must be scheduled according to the notion of information
outage rate (e.g., see [24]), where a non-vanishing block error
probability is taken explicitly into account.

B. Novelty and contributions

In light of the above motivation, we study the fairness
scheduling problem for a cell-free user-centric wireless net-
work as defined in [7], [15]-[17]. We consider a full buffer
model and canonically formulate fairness in terms of the max-
imization of a suitably defined network utility function, i.e., a
concave componentwise non-decreasing function of the user
throughput rates [25]-[27]. In particular, we consider propor-
tional fairness (PF) and hard fairness (HF), which are special
cases of the family of so-called a-fairness utility functions
[28]. The network utility maximization (NUM) problem is
solved using the Lyapunov drift-plus-penalty (DPP) approach,
which naturally yields a dynamic scheduling scheme [25]. In
addition, the motivation for using the proposed Lyapunov DPP
framework is that, as will be shown later, with appropriately
chosen parameters the framework allows to approximate the
optimal solution of the NUM as closely as desired.

A seemingly analogous problem in combination with the
Lyapunov DPP approach is considered in [29], which is the
only other work using the the Lyapunov DPP for scheduling in
cell-free massive MIMO to the authors’ knowledge. However,
we note the following major differences. The PHY rate allo-
cation in [29] is posed as a weighted sum rate maximization
(WSRM) problem and in particular as a power allocation
problem, where the allocated (ergodic) user rates are assumed
to always be achieved. Hence, there is a zero probability of
a packet error. However, as already said, ergodic rates are
incompatible (and in general not achievable) under slot-by-
slot decoding and the “low latency” requirement. Moreover,
applying the scheme in [29] (all K users active and perform
power control over all K users) to systems of the size consid-
ered in this paper, the complexity would be enormous, making



real-time scheduling computationally very challenging. Also,
in [29] the active user set is defined before solving the WSRM
by assuming that all users with non-empty queues transmit.
This is possible for very lightly loaded systems as considered
in [29], with 100 RU antennas and only K = 10 users in
the network, which is definitely not the scenario considered
in this work. Due to these differences, the scheme proposed
in [29] is not applicable to the problem considered in our
work. No other work in the cell-free massive MIMO literature
has provided results addressing such a large network (see the
example above and the numbers in the simulation section) in
a scalable and efficient way.

The application of the general Lyapunov DPP framework to
our specific problem is non-trivial, because the instantaneous
service rates, i.e., the rates scheduled to the active users,
are random variables due to the finite diversity achieved in
time and frequency (due to slot-by-slot coding) and in space
(due to the limited number of spatial degrees of freedom
which prevents massive MIMO “channel hardening” [30]).
Scheduling with random instantaneous rates can be handled by
using information outage probability as in [27]. This, however,
requires the knowledge of the individual CDF of the mutual
information at each user receiver, which in turn depends on
the scheduling decision, i.e., of the selected set of active users.

In order to obtain a tractable problem, we make a critical
“statistical decoupling” assumption: namely, that the CDF of
the mutual information at each user k receiver depends only
on the local channel statistics of UE k. This assumption holds
true in the massive MIMO limit of M — oo with constant
Kact/M, under certain conditions on the channel statistics
[27], [31], [32]. For systems with finite number of RU antennas
M, the statistical decoupling assumption approximately holds
when there is sufficient “self-averaging” of the interference
term at the denominator of the Signal to Interference plus
Noise Ratio (SINR) at each user decoder input. Intuitively,
self-averaging holds when the multiuser interference is due to
many small contributions. Hence, we enforce this condition by
imposing that no two users causing strong mutual interference
can be scheduled at the same time (this translates in a precise
mathematical condition as seen later). To this purpose, we
propose a novel conflict graph approach that prevents such
“colliding” users to be scheduled together. Furthermore, since
the mutual information CDF is intractable in closed form, we
propose to adaptively estimate it at each UE k over a sliding
window of past slots. The locally learned empirical CDF is
used to schedule the instantaneous rate of the active users.
Notice that rate adaptation based on the empirical statistics
(e.g., RSSI, block error rate, etc.) collected over a sliding
window of past slots is currently implemented in real systems.
Thus, our approach can be seen as an information-theoretic
version of such practical schemes.

The spread of the mutual information CDF is reduced as the
frequency diversity order F' increases. Our analysis can capture
the effect of the finite frequency diversity order F' on the
overall system performance, unlike the ergodic rate analysis,
where the finite diversity order effect is completely lost. With
the knowledge of the empirical mutual information CDF for
each user, the scheduler solves at each slot a constrained

maximization of the weighted sum outage rate, where the
weights are recursively calculated as the backlogs of virtual
queues and the constraint is expressed by the conflict graph.
The problem takes the form of an integer linear program,
which can be efficiently solved with standard tools even for
fairly large systems.

In [25], two fundamental scheduling problem formulations
are provided : 1) queue stability with exogenous arrivals
and transmission (not virtual) queues corresponding to a data
buffer, 2) throughput fairness with “infinite buffer” and virtual
queues. In this work we consider the second framework, where
the “infinite buffer” assumption implies that each scheduled
user can always transmit as much data as the PHY allows. The
virtual queues do not correspond to actual queued data, but
are iteratively updated “weights” of the scheduling algorithm.
We would like to remark that, in reality, no user has a truly
infinite buffer, while for typical Internet applications the purely
random arrival traffic is also unrealistic. Typically, data are
transmitted/requested in bulk, e.g., for uploading a picture, or
streaming a video. Hence, on the time scale of a few tens
of seconds, the infinite buffer model for such applications
is relevant. For example, the famous proportional fairness
scheduling in 1xXEV-DO systems [33] was motivated by such
argument. In this context, the infinite buffer is a mathematical
abstraction to make the statement mathematically precise.

We also notice that well-known problems such as pilot allo-
cation and user-centric cluster formation have been treated in
the current literature in the assumption that all users are active
all the time [7], [16], [17], [19]. In contrast, in the presence
of dynamic scheduling, an important question is whether pilot
assignment and cluster formation should be performed at each
scheduling decision (dynamic reassignment) or once for all
to all users independently of the scheduling decisions (fixed
assignment). Notice that the dynamic pilot assignment is sup-
ported by the current SGNR standard, where the demodulation
reference signal (DMRS) for channel estimation is associated
with the physical uplink shared channel [5]. A fixed DMRS
pilot assignment to users is not considered in the current
5SGNR standard, but could be implemented in order to decrease
the control signaling overhead. In this work, we compare the
reassignment and the fixed assignment options in terms of their
SE performance and show that a well-designed system with
fixed assignment does not suffer large degradation with respect
to the more complex and overhead-demanding reassignment.

C. Outline

In the next Section, we will describe the physical layer
system model. Section III introduces the information outage
rate and the fairness scheduling framework. The algorithmic
solutions to approach the scheduling problem and practical
aspects for implementation are presented in Section IV. Nu-
merical results are shown in Section V.

II. PHYSICAL LAYER SYSTEM MODEL

In order to present the fairness scheduling problem and the
proposed solution, we first need to review a rather standard



cell-free user-centric system as described, with minor varia-
tions, in most literature (e.g., see [7], [13]-[17]). In particular,
here we follow the notation of our previous work [17].

The system operates in TDD mode with L RUs, each
equipped with M antennas, and K single-antenna UEs. Both
RUs and UEs are distributed on a squared region on the 2-
dimensional plane. Without loss of generality, we focus on
a system subband® formed by F frequency-domain RBs and
assume the standard block fading model [10], for which each
RB is formed by T time-frequency symbols over which the
channel small-scale fading coefficients are constant and mutu-
ally independent for different RBs (in time and frequency)
and different users. We let H(t, f) € C*"™*¥ denote the
overall channel matrix between all the K UE antennas and
all the LM RU antennas on a given RB f € [F] in time
slot t. The channel matrix is an L x K block matrix with
M x 1 blocks hy (¢, f) ~ CN (0,X,), each representing
the channel vector between the M antennas of RU ¢ and
UE k.* The random Gaussian vectors hy (¢, f) are i.i.d.
over different ¢t and f and mutually independent (but not
identically distributed) for different ¢ and k. For later use, we
let By = ﬁtr (X¢,5;) denote the large-scale fading coefficient
(LSFC), and F,; denote the tall unitary matrix spanning
the channel dominant subspace, i.e., its columns are given
by the (unit-norm) eigenvectors of 3, j corresponding to the
“largest” eigenvalues, as defined in [34] and made precise in
Section V, where we consider a particular antenna correlation
model.

In time slot ¢ and for all RBs f € [F], each UE k is
associated to its user-centric cluster Cy(t) < [L] of RUs.
Consequently, each RU /¢ is associated to a set of UEs
Up(t) < [K]. The UE-RU association is described by a
bipartite graph G(¢) (e.g., see Fig. 1), which may evolve in
time depending on the association scheme. The graph has two
classes of nodes (UEs and RUs) such that the neighborhood
of UE-node k is Ci(t) and the neighborhood of RU-node ¢
is Up(t). The set of edges of G(t) is denoted by £(1), i.e.,
G(t) = G([LL, [K],£(1)).

A. Channel State Information

For some given scheduling policy (to be specified later), we
let A(t) < [K] denote the set of active users scheduled in slot
t. At each time slot ¢, each RU ¢ obtains estimates hy (¢, f)
for all k € Up(t) N A(t) and f € [F] from pilot sequences
sent by the UEs in the UL. A codebook of 7, orthogonal
pilot sequences {¢; : j € [7;,]} is used for channel estimation.
This requires that 7, signal dimensions per block of T' symbols
are used for UL pilots, yielding a SE penalty factor (1 — 7).
Pilot sequences are normalized such that ||¢;|* = 7,SNR for
all j € [7,], where the parameter SNR can be understood as

3As in the example of Section I-A, K can be thought as the total number
of users per subband. In general, the system bandwidth may be an integer
multiple of such subband. Hence, the total number of users in the system is
a corresponding integer multiple of K.

“4Here, 0 indicates an all-zero vector of appropriate dimension and 3 0k =
E[h@k(t7 f)h?k(t,f)] is the M x M covariance matrix. Notice that the
statistics of the channel vectors are independent of time and frequency by the
well-known widely adopted wide-sense stationary assumption [7], [15]-[17].

the signal-to-noise ratio (SNR) at the transmitter, denoting the
average transmit energy per time-frequency symbol normal-
ized to the thermal noise power spectral density Ny. Each
active user k € A(t) is given a pilot index py(¢) and transmits
sequence ¢, () over all ' RBs in frequency. The UL pilot
field received at RU £ on RB f in slot ¢ is given by the M x 7,
matrix Ygllm (ta f) = ZieA(t) he;i(t7 f)¢2i(t) + Z?IIOt (t7 f)’
where ZE‘M (t, f) is additive white Gaussian noise (AWGN)
with elements i.i.d. ~ CN(0,1).

For each UE k € U(t) n A(t), RU £ employs pilot
matching (by right-multiplication of the pilot field by ¢,, ;)
and subspace projection on Fy ;; to obtain the channel estimate
[17]

hyk(t, f) = FriuFy <1Ypi10t(t e >
s ’ s S TpSNR 4 ’ Pr(t)

=hy(t, f) + ForFy, Z hy(t, f)
ie Ay, (t)

+ Fo B2, ot ), ()
where A, (t) = {i:ie A(t)\k,7: pi(t) = pr(t)}, Zp, e(t, f)
is M x 1 Gaussian ii.d. with components C/\/'(O,Tpsﬁ)
and where the second term of the sum in (1) is due to
pilot contamination, i.e., it is the contribution of the ac-
tive UEs transmitting the same pilot as UE k. The covari-
ance matrix of the pilot contamination term is given by
S = Die )ik pi()=pi(t) FerF i DeiF e Fyy. In par-
ticular, when F; ;. and F; ; are nearly mutually orthogonal, i.e.
FZkF@J ~ 0, the subspace projection is able to significantly
reduce the pilot contamination effect [17]. In most of the
concurrent literature [7], [15], [16], the channel statistics
(in particular, the covariance matrices 3 ;) are assumed to
be known. Schemes for channel subspace and covariance
matrix estimation, respectively, in cell-free massive MIMO are
presented in [17], [35]. In particular, the scheme in [17] is
shown to achieve essentially the performance of ideal channel
subspace knowledge. Hence, for simplicity, in this work we
assume that the subspace information Fy ;, for all £ € [L] and
k € Uy(t) is perfectly known, as justified by the results of
[17].

For convenience, we denote by ]ﬁl(t, f) e CME the
overall channel matrix estimated by the ensemble of the RUs.
Notice tl)\at, beyond the estimation noise and pilot contami-
nation, H(t, f) differs from H(¢, f) by the fact that it has
an M x 1 all-zero block for all positions (¢, k) such that
k ¢ A(t) or k ¢ Uy(t). This captures the fact that RU ¢ can
obtain a channel estimate hy 5 (¢, f) only if UE k is active
(it is scheduled for transmission), and it is associated to RU
£. Hence, even in the absence of estimation noise and pilot
contamination, the RUs have a partial view of the overall
channel state [17].

B. Uplink Combining and Downlink Precoding

In this paper we consider the local linear MMSE detection
and cluster-level combining scheme of [17], [26]. RU /£ locally
computes a UL receiver combining vector v (¢, f) for each
associated active UE k € Uy(t) n A(t) (see details in [17],
[36]) based on the available channel estimates, i.e., the /-th



block row of Hl(¢, f). Using these local detection vectors, RU
£ produces soft-output estimates of the time-frequency data
symbols for each user k € Uy (t) n.A(t). The estimated symbols
of user k are sent via the fronthaul to the DU hosting the
corresponding cluster processor. Such processor combines the
signals from all RUs ¢ € Ci(t) to form the final received
symbols for channel decoding. The cluster level combining
coefficients, computed according to [17], [36], are denoted by
we k(t, f). For convenience of notation, we define the LM x 1
dimensional unit-norm overall combining vector for user k as
Wk(ta f) = [ka(ta f)v}—,k(t’ f) s wL7k(t’ f)vz,k(tv f)]T7
where it is understood that v, 1, (¢, f) = O for all £ ¢ Cy(t).
In the DL, we use the same vectors v (t, f) as downlink
precoders with equal power allocation for all active user
data streams. The use of the UL combining vectors and
DL precoding vectors is based on UL-DL duality, which
holds approximately [17] or exactly [15], depending on which
definition of achievable rate is used and the availability of
channel and statistical information. In [37], we showed that
using the UL combining vectors as DL precoding vectors
with uniform power allocation over the DL data streams yields
similar UL and DL rates. Hence, for the sake of simplicity,
we use this method for the DL. We hasten to say that the
scheduling approach developed in this paper can be applied
to virtually any PHY and power allocation method, and the
specific choice made here is for convenience of exposition.

C. Data Transmission and Instantaneous Mutual Information

In the UL, all active UEs transmit with the same average
energy per symbol P"¢ = NySNR. The received LM x 1
symbol vector at the LM RU antennas for a single channel
use on RB f in slot ¢ of the UL is given by

y(t, f) = VSNRH(E, f)s(t, f) + =(t, f), 2)
where s(t, f) € C**! is the vector of information sym-
bols transmitted by the UEs on RB f in slot ¢t (zero-
mean unit variance and mutually independent random vari-
ables) and z(t, f) is an i.i.d. noise vector with components
~ CN(0,1). The cluster processor of user k& computes the
estimate 8(t, f) = vi(t, f)"y(t, f) of the time-frequency
symbol sy (¢, f) of user k. Letting H(t) £ {H(¢t,f) : f €
[F]} and vi(t) & {vi(t,f) : f € [F]}, the instantaneous
mutual information between the transmitted symbol sequence
{si(t,f) : f € [F]} and the detector soft-output sequence
{8k(t, ) f € [F]} in slot t (expressed in bits per
time-frequency channel use, or bit/s/Hz) is a function of
{vi(t),H(t)} and given by’

F
T (wa(t), H()) 2 ;; log (1 + SINRk(£, /), (3)

5This expression holds under the assumption that the user symbols are
i.i.d. Gaussian and that the effective channel coefficients, i.e., the coefficients
appearing in the numerator and denominator of the SINR expression in (4)
are known at the receiver. Since these coefficients are constant over blocks of
T symbols, for simplicity we make such assumption here. A more detailed
analysis would consider the relation between block error probability and rate
of random codes in the non-coherent block-fading channel with input s (¢, f)
and output g (¢, f), where coefficients are constant over F' blocks of T'
symbol each. While this might be possible using the techniques in [38], [39],
such information theoretic investigation goes well beyond the scope of this

paper.

where

H 2
S|NRk(t,f) _ — |wk(t7f) ]hk(tvf)‘
SNR™™ + 3 e awysgine [VE(E £) 1y (2, f)‘;)
and hy(t, f) is the k-th column of H(¢, f). In the DL, with
suitable normalization, an active UE k receives

ygl(ta f) = ]hk(t7 f)HX(ta f) + Zlccn(ta f)v (5
where z(t, f) ~ CN(0,SNR™') and where x(t,f) =
ke A(t) vi(t, f)sdl(t, f) is the LM-dimensional vector of
precoded symbols transmitted collectively by the RUs, with
sd(t, f) denoting the (unit-variance) information symbol sent
to UE k£ at time slot ¢ and RB f. The DL SINR of user &
receiver is given by

SINR (1, f) =

Iy (t, )P vi(t, f)I?
SNR™! o+ 3 a0y 1B (8 )P (8, f)|2(é)

and the corresponding instantaneous mutual information is
F
1
T (V). (1) & 7 3 log (1+SINRY(8.£)) . (D
f=1

where we define the ML x K precoding matrix V(¢, f)
with columns wg(¢, f) (all-zero columns for inactive users),
V@) = {V(t, f) : f e [F]} and hy(t) = {hg(t, f) : [ €
[F]}. Since the precoding vectors have unit norm, we have
tr (E[x(t, f)x(t, f)™]) = |A(t)| = Kact, where | - | denotes
the cardinality of a set, i.e., the total transmit power in the UL
and DL are both equal to K, P"°.

Remark 1. Expression (3) (resp., (7)) is referred to as
“instantaneous” UL mutual information (resp., DL mutual
information) because this is the mutual information between
symbols si(t, f) (resp, s{(t, f)) and the corresponding esti-
mated symbols 3i(t, f) (resp., yi(t, f)) conditional on the
specific realization of the (random) variables vy (t), H(t)
(resp., V(t),h(t)). This term is standard in the information
theoretic literature on fading channels (e.g., see [24] and
references therein), and should be distinguished from the
standard conditional mutual information, which for the UL
case would take the form

T({5k(t, f) 2 f e [Flhi{se(t, f) : f e [Fl}ve(t), H(t))

1 F
-E Fgllog(l—FSINRk(t,f)) . (8)

While (8) is a deterministic quantity that depends on the joint
statistics of the true and estimated channels {H(t, f),H(t, f) :
fe[F]} (3) and (7) are random variables, functions of the
(random) instantaneous realization of {H(t, f),H(t, f) : f €

O

L]}

III. FAIRNESS SCHEDULING

For convenience of exposition, we shall illustrate the
scheduling problem for the UL (the application to the DL
follows immediately). At each scheduling slot ¢, a scheduling
policy must: 1) select a set of active users A(t); 2) select the
coding rates r(t) = {ri(t) : k € A(t)} at which these users
transmit their information. The system state in our case is
{€Q¥(t)} that denotes the mutual information statistics of each
user available in time slot ¢ and depends on the statistics



of {Hi(¢)}, a stationary and ergodic matrix-valued Gaussian
process as described in Section II. A stationary scheduling
policy v is a time-invariant function «y : Q(t) — {A(t),r(¢)}
[25], used to compute A(t) and r(¢) from £2(¢). By definition,
a stationary scheduling policy chooses the decision variables
in slot ¢t based on the current network state (here the user
mutual information statistics) and independent of the queues
[25]. Note that scheduling based on the mutual information
statistics is a new approach compared to, e.g., [25], [27], where
the current network state is assumed to be known or estimated,
respectively.

We denote by I' the set of all feasible stationary policies
for the system at hand, i.e., compliant with the PHY layer
channel estimation, receiver/precoding vector calculation and
Gaussian coding described in Section II. In particular, driven
by the discussion in Section I-A and exemplified by Fig. 2,
we focus on the case where K may be very large, and we
consider policies operating in the “good” load regime such that
|A(t)| < Kact, wWhere the maximum number of active users
K.t is chosen to strike a good tradeoff between total system
SE and per-user rates. In order to proceed, we introduce the
following two key assumptions:

A1l: The rate allocation 7 (t) to active user k on slot ¢ is a
function of the channel statistics but not of the instantaneous
realization of {w(t),H(¢)}, which is known causally. O

A2: For any user k € A(t), the complementary CDF of the
instantaneous mutual information

Pu(r) & P(Z, (vi(t), H(t)) > r) )

is independent of the active user set .A(t) but only on its size

Kot = |A(1)]. O

Remark 2. Assumption Al reflects the common practice in
rate allocation in real-world systems [40], [4]], where users
are instructed to transmit a given Modulation and Coding
Scheme (MCS) in a family spanning a wide range of coding
rates on the basis of some “local” statistics accumulated in
a time sliding window (e.g., RSSI, block error probability,
in the past few time slots). The sliding window approach is
used to track statistical changes, e.g., a user moving from a
position close to a RU to a position farther away. This prevents
slot by slot rate adaptation depending on the instantaneous
realization of the channel small scale fading states, which
would be too fast to track and too demanding in terms of
protocol overhead, to signal to the receiver the used MCS. In
practice (see Section 1V), since the analytical characterization
of Py (r) is intractable, the scheduler uses empirical statistics
collected over a window of time slots.

Assumption A2 is motivated by the fact that, for a large
system with many randomly distributed UEs and RUs, the
cumulative interference effect of all other active users on a
given active user k is approximately “self-averaging” and
is weakly dependent on which individual active users are
selected. This assumption is verified exactly in certain limiting
conditions and symmetric situations as for example in massive
MIMO multicell-networks (e.g., see [10]-[12], [32]). For the
system at hand, A2 holds only approximately, provided that
UEs with strong mutual pilot contamination are not scheduled

together [22].° For the sake of problem tractability, we shall
develop our scheduling scheme under A2, and introduce a
conflict graph constraint in the active user selection problem
such that A2 is effectively (approximately) satisfied. O

A. Service Rate, Throughput Region, and Network Utility
Maximization

As already mentioned, because of the discontinuous user
activity due to scheduling, coding over a long sequence of
scheduling slots is impossible or impractical.” With block-by-
block coding/decoding, each codeword spans a single channel
state H(¢). In this case, the block error rate of optimal codes
for the effective Gaussian channel with input sk (¢, f) and
output 5 (¢, f) as defined in Section II-C is well approximated
by the so-called information outage probability, i.e., the prob-
ability that the instantaneous mutual information is less than
the coding rate [24], [27]. We define the instantaneous service
rate jii(t) of user k as the number of information bits per s/Hz
(i.e., normalized by the block length T'F' in channel uses) that
are effectively delivered to the receiver in slot ¢. This is given
by

pa(t) = {( #I(D), irk e AD), (10
0, if k¢ A(t),

where we define the random variable Ry(t) £ ri(t) x
1{Zx (vi(t),H(¢)) > ri(t)}, and where 1 {S} is the indicator
function of an event S. For a given stationary policy v € I,
the per-user throughput rate is the long-term time-averaged
service rate, i.e.,
=

ﬂk:gmigE%HHﬂ:JEMkﬁﬁﬂL
where H has the same marginal statistics of H(¢) and
ux (HL, ) has the same marginal statistics of p(¢) in (10). The
convergence of the time average to the ensemble expectation in
(11) is with probability 1 due to the stationarity and ergodicity
of the channel state and the stationarity of the scheduling
policy [25].

A throughput rate vector i = [fiy,...,[ix] is feasible
if there exists a scheduling policy v € I' such that i <
E[ux(H, ~)] for all k € [K]. Hence, the system throughput
region is [25]

R =coh | J {meRY : i < Bl (H,7)], vk}, (12)

el
where “cohz denotes the closure of the convex hull. Two
important properties of R are [25]:
1) Queue stability region: given the system at hand, consider

stationary and ergodic exogenous traffic arrival processes
{Ak(t) : k € [K]}, such that Ay (t) is the number of

Y

]T

50ur approach here to avoid strong pilot contamination consists of a conflict
condition depending on the UL pilot and the spatial channel correlation
(defined later in details) of users when they have RUs in common in their
user-centric clusters. Although the proposed scheme is formulated to meet
the characteristics of the considered directional channel model described in
Section V, it can be tuned and adapted to various channel assumptions and
pilot assignment approaches. Because we schedule only a subset of users and
have finite size RU clusters, we do not run the risk of not finding a sufficient
number of users that can be active at the same time.

7In particular, this is in conflict with the low latency requirements typical
of 5G systems [20], [21].



information bits per s/Hz arriving at the transmitter of UE
k in slot ¢, with arrival rates A, = E[ A4 (t)]. Let each UE
k have a transmission queue Q) (t) that evolves according
to the standard dynamic equation Q(t + 1) = [Qx(t) —
g ()] + Ag(t), where for any = € R we define [z]; :=
max{z,0}. An arrival rate vector A = (A1,...,Ag) € R
can be stabilized, i.e., there exists a stationary scheduling
policy for which all system queues are strongly stable
[25], if and only if there exists a strictly non-negative
vector € for which A + € € R.

2) Sufficiency of stationary policies: R cannot be enlarged
by non-stationary policies.

Remark 3. In this paper, we are concerned with scheduling
for fairness, rather than scheduling for queue stability as
discussed above. With a slight abuse of notation, in the
Sollowing we will use Ay(t) and Qi(t) to denote virtual
arrival rates and virtual queues, instead of exogenous traffic
arrivals and transmission queues. As anticipated in the intro-
duction, the virtual arrival rates are computed according to
the Lyapunov DDP approach in order to drive the system to
operate sufficiently close to the throughput rate point (i.e., the
point in R) that maximizes the network utility function. The
virtual queues do not correspond to actual bits queued for
transmission. Rather, they are iteratively updated weights for
the scheduler to make its instantaneous scheduling decision
by solving at each slot t the WSRM problem. O

Definition 1. NUM Problem. Let g(-) denote a concave entry-
wise non-decreasing function of per-user throughput rates
o, whose shape (concavity) captures a desired notion of
fairness. The fairness scheduling problem consists of finding
the scheduling policy solution of the NUM.®

maximize g(p),  subject to g1 € R. (13)
¥

O

Since R is convex and compact, the solution of (13) always
exists and it is at some point on the Pareto boundary of R.
Letting p* denote such solution, there exists a scheduling
policy v* that achieves p*. Finding v* by directly solving (13)
is generally impractical. In fact, despite (13) being a convex
optimization problem, the constraint region R is not generally
characterized by a finite number of linear inequalities (see
[27]). Fortunately, the NUM problem (13) can be solved to
any desired degree of accuracy in an algorithmic way by using
the Lyapunov DPP framework of [25]. Instead of looking for
a stationary policy, the DPP approach constructs a dynamic
policy that yields a long-term average throughput point arbi-
trarily close to the optimum g* under mild conditions (see the
assumptions in Theorem 1). The next section develops such
an algorithmic solution for the problem at hand.

B. Dynamic Scheduling Policy

We start with the following somehow obvious lemma:

8We would like to thank an anonymous reviewer who pointed out that the
NUM problem can also be seen as maximizing the utility function of admitted
user data rates subject to the condition that the transmission queues are stable,
when the generated data rates are outside of the stable throughput region.

Lemma 1. Outage Rate Allocation. For each k € [ K| define

ry = argmax rPg(r). (14)

>0

and for a given active user set A(t) define the vector r*(t)
with k-th component equal to v} if k € A(t) and zero
otherwise. For any stationary policy v : Q(t) — (A(t),r(¢))
yielding the throughput rate vector fi(7y), the stationary policy
~* that coincides with ~y on the active user set A(t) but uses
rates v*(t) in (14) yields p(v*) = p(7y), where the inequality
holds componentwise (not necessarily strictly). O

Proof: The throughput rate of user k£ under ~ is given by
T,
) = (1= F)
B [re(t) T{Zy (vi (), H(#)) > rx ()} 1{k € A(t)}]

= (1= 2) xn®Pu(0) Plhe A®),  (9)
where (15) follows from the fact that the distribution of
Ty (vi(t), H(¢)) does not depend on A(f) (Assumption A2).
Since v and +* coincide in A(t) and differ only in the rate
allocation, replacing r(¢) with 7} in (15) maximizes the
throughput rate. [ |

Lemma 1 solves the outage rate allocation problem in the
sense that we can restrict to policies that use the coding rate
r,’: in (14) for all active users. Next, using the theory in [25],
[27], we are ready to state the dynamic scheduling policy
and prove its properties under assumptions Al and A2. We
associate to each UE k € [K] a virtual queue Qy(t). This
queue does not represent bits that arrive at UE k transmitter
and wait to be delivered to the receiver, since our system
has full buffer and no random arrival. Instead, the values
{Qr(t) : k € [K]} are iteratively computed and yield the
weights for a WSRM problem that the scheduler solves at
every slot ¢ to determine the set of active users. The queues
can be initialized as Qx(0) = 0 for all k.

Definition 2. Fairness dynamic scheduling. Letr V > 0,
Amax > 0 and Kt = 1 be the parameters of the scheduling
policy. For each t = 0,1,2,..., the policy 7 iterates the
following steps:

1) Virtual arrivals: let Ay(t) = ag, where a = [ay ...ax]"

is the solution of the convex optimization problem

maximize  Vg(a) — Z arQr(1),
a ke[ K] (16)
subject o a € [0, Apax]®

2) User selection via WSRM: let A(t) be the solution of
D Qult)rfPu(ri),
ke A
subject to A< [K], |A| < Kact
3) Transmission: each user k € A(t) transmits with rate r}'.
The cluster receivers compute the receiving vectors from
the estimated channels in H(t) and attempt decoding. Let
i (t) denote the resulting service rate (see (10)).

maximize
A (17)

4) Virtual queue update: for all k € [K| compute the new
virtual queue state as

Qr(t+1) = [Qr(t) — ()] + + Ar(?). (18)

O



The following result establishes the performance guarantee
of scheduling policy 7.

Theorem 1. Suppose that channel states H(t) are i.i.d. over
timeslots. Under assumptions Al and A2, we consider the
scheduling policy 7 from Definition 2 and constants V > 0,
Amax > 0. We further assume that there exists a point r € R
with strictly positive entries such that g(r/2) > —oo. Then:
a) The utility associated with the time average transmission
rates achieved by 7 satisfies

lip inf g (1 > E[u(r>1> > (3 (Ama)) —
=0

(19)
where ;l,( )= [ (7), ..., pr(7)]" and
C (A12nax
2
( Z log (1 + ‘th;fl‘ (20)
with k* = argmax sz 1 log (1+ |hsk,\(|;f )= , and

ke[ K]
where i (Amax) s the solution of problem (13) with the

additional constraint 0 < fiy, < Amax for all k € [K].
b) For any point f1 € R such that 0 < i, < Amax for all k,
and for any value B € [0, 1] we have

t—-1 K
hmbup Z Z i E [Qr(7)]
—®© 7=0k=1
< C+ V[ ( iA_m;x)) _9(5“)]. (1)

Hence, all the virtual queues Qy(t) are strongly stable
(see definition in [25]).

Proof: See Appendix A. ]
Theorem 1 implies that if Ay, is sufficiently
large, such that A,y > g for all k, then

hmmftﬁocg(lzt L E[u(r )]) > g(p*) — £. Hence,

by choosing a sufficiently large V', 4 can approach g (in*) as
closely as desired with convergence time that scales as O(V)
due to (21). In other words, using the proposed scheduler
in Definition 2, we can approximate the optimal solution
of the NUM posed in (13) by increasing V' (such that the
performance gap decreases as 1/V) until the converged
resulting network utility approaches asymptotically its
maximum. As a matter of fact, when the NUM problem does
not admit a direct solution, the dynamic policy itself can
be used as an iterative algorithm to approximate the NUM
solution numerically.

IV. ALGORITHMIC AND PRACTICAL ASPECTS

As in the previous section, we focus on the UL. The
algorithms can easily be applied to the DL case by using
the DL instantaneous mutual information (7) and its CDF in
place of its UL counterpart. For assumption A2 to hold, we
need to guarantee that the pilot contamination affecting UE
k is negligible. In fact, a strong pilot contamination severely
affects the quality of the channel estimates (1) and this affects
both the useful signal term and the interference term in the

SINR expression (4). Severe pilot contamination occurs if
users k, k' € A(t) share at least one RU in their user-centric
cluster, have the same UL pilot, and their channel subspaces
with respect to the shared RUs are strongly aligned, i.e., far
from mutually orthogonal.

We propose to prevent strong pilot contamination between
active users by introducing a conflict graph that constrains the
scheduling decisions. Note that it is generally not advisable
to schedule users with strong mutual interference. Hence,
although this is a heuristic approach, it is expected that the
conflict graph does not limit significantly the space of good
policies. Interestingly, by introducing the conflict graph as a
constraint in the general WSRM (17), the problem becomes a
linear integer program.

In particular, we define the conflict graph C = ([K], &e)
with a vertex set corresponding to all K UEs in the network
and an edge set £¢ accounting for the conflicts. A UE-pair
(k, k') is in conflict on slot ¢ if the following three conditions
are satisfied:

1) the UEs are associated to at least one common RU, i.e.,
Crp (1) £ Ci(t) N Cu () # &5

2) the UEs are assigned the same UL pilot, i.e., pi(t) =
i (8);

3) the channels of the UEs with respect to at least one RU
0 € C, s (t) are strongly aligned, i.e.,

HFZkF&k’”F > np, forsome feCpu(t), (22)

where 1 is a threshold for “non-orthogonality” and ||-||
denotes the Frobenius norm.

The graph € has an edge between the vertex k and vertex k'
for all UE-pairs (k, k') in conflict. We consider two options for
the assignment of pilots and clusters, fixed and dynamic. With
the “fixed assignment” scheme, pilots and clusters are assigned
to each UE k € [K] and kept fixed for all time slots. With
the dynamic “pilot reassignment” scheme, clusters are fixed
based on the LSFCs, but pilot allocation is carried out in each
time slot after making the active user selection. Of course, it
is expected that by reassigning pilots to the active users on
each slot, better throughput rate performance can be achieved
at the cost of a higher control signaling overhead. In contrast,
the fixed assignment requires less control signaling overhead.
While a precise quantitative analysis of the signaling overhead
is out of the scope of this paper, it is nevertheless interesting
to compare the two approaches in terms of the achieved user
throughput rate.

A. Fixed Pilots and Clusters

Based on the conflict definition, we propose the following
fixed pilot assignment and cluster formation scheme:

1) When a UE £ joins the system, it connects to a maximum
of Cmax RUs with the largest LSFCs, provided that 3, j, >

. 9
W, forming the set Cj.

9Notice that the maximum beamforming gain of an RU array with M
antennas is equal to M. Hence, this condition imposes that the SNR at UE k
for the signal from RU £ with best-case beamforming gain is M 3¢ ,SNR > n,
for some suitably chosen association threshold 7.



2) Each RU / € Cj, considers all pilot indices p = [7,,]. If
user k is given pilot p, the set of UEs k' # k conflicting
with k is given by € (p) = {Uyec, Cr.x(p)}, where
Con(p) = {K €Uy : piw = p, ||FZkF£,k’HF >nr}. (23)
In fact, these are all the users having at least one RU in
common with UE k, and aligned channel subspaces in
the sense of condition (22).

3) Then, UE k is assigned the pilot pr, = argmin |Cx(p)]

pE[7p]
(if the minimizer is not unique, an arbitrary choice in the

minimizing set is made).

Letting for simplicity of notation Rj, £ Ty Py(ry), and defin-
ing a binary vector x € {0,1}¥ such that the k-th entry of
X, i.e., T, is equal to 1 if k € A(¢) and O if k ¢ A(t), the
WSRM problem (17) subject to the conflict graph reduces to
the linear integer program

maxi(mize Zke[K] Qr(t) Ry
subject 0 Dy 1 Tk < Kact, (24)
Ty € {07 1} ’

xp +axw <1, V(k, k') € Ee.
Problem (24) can be efficiently computed using standard
solvers (e.g., Gurobi or Matlab), even for fairly large systems.

B. Pilot Reassignment Scheme

As for the fixed assignment scheme, each UE k connects
to a maximum of Cp,,x RUs with the largest LSFCs, provided
that B > jdyg forming the set Cy for all time slots. The
pilots are reassigned only to the set of active users on each
time slot. However, in this case we have a classical “chicken
and egg problem”: on one hand, the set of active users must
be determined in order to assign the pilots; on the other hand,
the determination of the active user set depends on the pilot
assignment. Our pragmatic solution consists of first running an
active user pre-selection by solving the unconstrained WSRM
problem, then assigning pilots on the pre-selected users and
determining the conflict graph, and finally solving the WSRM
problem with conflict graph constraint on the restricted set
of pre-selected users. For _some K > K,., the user pre-
selection finds the set of K users maximizing (17) without
conflict constraints, i.e., it solves

maximize 2ike[K] Qi (t) Ry,
subject to Zke[K] ap < K, (25)
T € {0, ].} .

The solution of (25) is immediate and consists of sorting the
users in decreasing order of the product Qy,(t) Ry and selecting
the top K sorted users. We denote such set as .A(¢). Then,
following steps 2) and 3) of the fixed pilots scheme, pilots
are assigned to the users k& € A(t) and the corresponding
conflict graph C(A(t),e) is constructed. Finally, the set of
active users A(t) < A(t) is the solution of

maxi{mize Zkej(t) Qr(t) Rpxy

Zkeﬁ(t) T < Kacts

zy, € {0,1}, Vk e A1),

z, =0, Vk ¢ A(t),

xp +xw <1, V(k, k') € Ee.

subject to
(26)

C. Proportional Fairness and Hard Fairness Scheduling

As fairness criteria in this paper we consider the very well-
known PF and HF, implemented using the general Lyapunov
DPP framework by selecting the appropriate network utility
functions in (13). In case of PF scheduling (PFS), the network
utility function is given by g(a) = ..k logak. The
corresponding solution of (16) is given by [27]

A (1) Amax
Qr(t)
In case of HF scheduling (HFS), the network utility function

is given by g(a) = kI;l[l}I{l] ay, and the corresponding solution

27)

ar = min

to (16) is given by [27]
Amaxv itV > Zke[K] Qk(t)7

28
0, else. (28)

ap =

D. Mutual Information Statistics

In order to compute the instantaneous rate r} according
to (14), the mutual information CDF Py (r) defined in (9) is
needed. Unfortunately, a closed-form expression for this CDF
is intractable for the system at hand, since it is very difficult to
compute the instantaneous mutual information even for much
simpler systems. For co-located massive MIMO, the SINR
“hardens to a deterministic limit” when the number of antennas
and the number of users grow to infinity at a certain fixed
ratio, which can sometimes be computed in closed form using
results from random matrix theory (see, e.g., [30], [42], [43]).
These results however are extremely delicate with respect to
the model assumptions and hard to generalize when these
assumptions are not satisfied.

Therefore, we propose an adaptive approach where each
user k accumulates samples of the instantaneous mutual in-
formation in a sliding window of N past time slots where
the user is active.'” Based on Assumption A2 and the strong
law of large numbers, the empirical CDF of Zj, (v (t), H(¢))
constructed from the /V samples converges to the true CDF as
N — o0, and thus is a suitable approximation to compute
a meaningful 7§ with (14)."" In stationary conditions, the
instantaneous mutual information distribution is independent
of the slot time ¢. In practice, with moderate user mobility, the
statistics change slowly over time. Although not investigated
in this paper, the proposed method can track non-stationary
(slowly varying) statistics and in fact it is very reminiscent of
practical rate allocation schemes based on some time-averaged
“channel quality indicator” (the role of which, in our case, is
represented by the instantaneous mutual information CDF).

10 practice, this can be done at the network infrastructure side, and the
rate allocation decision can be communicated together with the scheduling
decision to each user through the control information in each scheduling slot,
as currently specified in the 3GPP S5GNR standard [5].

TAs in [22], the allocated rates are initialized by a “start-up” phase
consisting of Nipi¢ time slots. In each of the Njyj time slots Kact out of
the K UEs are randomly selected considering the conflict graph to be active.
In practice, a user joining the system would start with a very conservative
rate and progressively “ramp up” the value of r until the maximum of the
product in (14) is achieved. Actual practical algorithms for rate scheduling
work on averaged local statistics along these lines.



Parameter | Description

Amax, V. Algorithm parameters

A(t), A(t) | Preliminary and final set of active UEs

Ag(t) Virtual arrival rate

C Conflict graph

Cr(t) User-centric cluster of RUs serving UE k

F RBs per subchannel

Fo Subspace matrix of channel hy j

g(-) Fairness utility function

¥ Stationary scheduling policy

r Set of all feasible stationary policies

o7 Fairness dynamic scheduling policy

Kact Number of active UEs

K Number of preliminary active UEs

K,L,M Number of UEs, RUs, and RU antennas

1 (1) Instantaneous service rate

i (1) Long-term throughput rate

PAG) Long-term throughput rate in bit/s

Q) Mutual information statistics of all users

pi(t) UL pilot index of UE k

Py (r) Complementary CDF of the instantaneous mutual infor-
mation

Qi (t) Virtual queue state

R System throughput region

7 (t) Allocated rate to an active user

rl’: Allocated rate that maximizes the expected service rate

Ry (t) Allocated rate to an active user under information outage

Up(t) Set of users served by RU /£

TABLE I: Parameters of the scheduling problem.

V. NUMERICAL RESULTS

We consider a cell-free network spanning an area of A =
200 x 200m? with a torus topology to avoid boundary effects,
containing L = 20 RUs, each with M = 10 antennas. A
bandwidth of W = 60 MHz and noise power spectral density
of Ng = —174 dBm/Hz is assumed. For cluster formation
we have chosen SNR threshold n = 1 and maximum cluster
size Cmax = 7. The LSFC statistics follow the 3GPP urban
microcell street canyon pathloss model from [44, Table 7.4.1-
1], which differentiates between UEs in line-of-sight (LOS)
and non-LOS (NLOS). The probability of LOS is distance-
dependent and given in [44, Table 7.4.2-1]. A log-normal
Gaussian random variable with different parameters for LOS
and NLOS is added to the deterministic distance dependent
term to account for shadow fading. The UL energy per symbol
is chosen such that SMSNR = 1 (ie., 0 dB), when the
expected LSFC 3 is calculated for the considered statistics

at distance 2.5dy, where d; = \/% is the radius of a
disk of area equal to A/L. This leads to a certain level
of overlap of the RUs’ coverage areas considering the RU-
UE association threshold, such that each UE is likely to be
associated to several RUs. The UEs are randomly dropped
in the network area, while the RUs are placed on a 4 x 5
rectangular grid. For the rate adaptation scheme we run an
initialization phase with Nj,;; = 500 and construct for each
user the instantaneous mutual information empirical CDF with
N = 100 samples. We use RBs of dimension 7" = 200
symbols and UL pilots of dimension 7, = 20, yielding a SE
penalty factor of (1 — 7£) = 0.9.

For the spatial correlation between the channel antenna
coefficients, we consider a simple directional channel model

defined as follows. Consider the angular support O;; =
(00 — A/2,00 ) + AJ2] centered at angle 6y, of the LOS
between RU ¢ and UE k (with respect to the RU boresight
direction), with angular spread A. Let F denote the M X M
unitary DFT matrix with (m, n)-elements [F], , = %
for m,n=0,1,...,M — 1, and consider the angular support
set Spr € {0,..., M — 1} obtained according to the single
ring local scattering model [34], where Sy j, contains the DFT
quantized angles (multiples of 27 /M) falling inside an interval
of length A = 7/8 placed symmetrically around the direction
joining UE k and RU /. Then, the channel between RU ¢ and

UE k£ on RB f in slot ¢ is hg,k(t, f) = ﬁ[’kAlF&kV@ﬁk(t, f),

[Se,k]

where using a MATLAB-like notation Fy a F(:,Sek)
denotes the tall unitary matrix obtained by selecting the
columns of F corresponding to the index set Syj,'” and
ver(t, f) is an |Spx| x 1 ii.d. Gaussian vector with com-
ponents ~ CA/(0,1). The corresponding covariance matrix is
Yok = %FMF'}' i For the definition of the conflict graph
(see (22)) we chose the “non-orthogonality” threshold ng = 0.
Hence, the “non-orthogonality” condition ||F',Z'kFM/H r >0
can be stated equivalently as |Sp N Sg x| > 0. The param-
eters of the scheduling policy are chosen as V' = 5,000 and
Apax = 100. These choices have been empirically found
to yield approximately “near-optimal” throughput rates, as
explained below Theorem 1. With larger values, no significant
improvement was achieved, while reducing V and Ay,.x led
to noticeably worse results.

In our simulations, we considered a total number of K;,; =
10,000 users, which is representative of a dense area such
as a sports stadium (see motivation in Section I) to evaluate
the described methods, i.e., a network where each frequency
domain RB consists of 12 subcarriers with subcarrier spacing
of 60 kHz, such that the bandwidth of each RB is Wgrg = 720
kHz. We divide the system bandwidth into |W/(FWgg)]
“subchannels” in frequency, each spanning F' RBs. The Kot
users are distributed among the different subchannels, such
that on each subchannel K = K £ ‘{,VVRB users shall be served.
Out of the K users though, only a fraction K, ~ LM /2
users are scheduled simultaneously in order to operate the
network at a reasonable user load. Hence, by increasing F,
the number of subchannels decreases and the number of
users per subchannel increases. This means that the users
are scheduled less frequently, but when they are served,
they transmit at higher rate (in bit/s) since the subchannel
bandwidth also grows with F'. In addition, larger F' yields
larger frequency diversity, i.e., the CDF of the instantaneous
mutual information “concentrates” due to the averaging in the
frequency domain (see (3) and (7)). Since different values of F'
yield different subchannel bandwidths, in order to compare the
performance for different F', we need to consider the actual
per-user throughput rates in bit/s, obtained by multiplying

2Note that for uniform linear arrays (ULAs) and uniform planar arrays
(UPAs), as widely used in today’s massive MIMO implementations, the
channel covariance matrix is Toeplitz (for ULA) or Block-Toeplitz (for
UPA), and that large Toeplitz and block-Toeplitz matrices are approximately
diagonalized by DFTs on the columns and on the rows (see [34] for a precise
statement based on Szegd’s theorem).



the throughput rate in bit/s/Hz by the subchannel bandwidth,
ie., fix = fr x FWgrg. In the considered system, the
number of users per subchannel with F' = 1 is given by
K(F=1)= Kt WV{}B = 120. Then, for F' > 1, the number
of users per subchannel is given by K(F) = F x K(F = 1).

In our results, we set 7, = 20, K,y = 70 ~ % UEs
per time slot, and K = 80 for the reassignment scheme. We
identified this UL pilot dimension and user density regime
empirically as a good choice for the considered network (a
comparison of different 7, and K, is not shown here due
to space limitations). We first evaluate the proposed schemes
for a narrowband system with /' = 1 RB. Then, we consider
the effect of higher frequency diversity F' = {5, 10}. For all
simulations, we use the infinite buffer assumption with virtual
arrivals and queues to achieve fairness among users.

A. Utility Optimization

We consider HFS and PFS with the fixed pilot and pilot re-
assignment schemes, respectively. The proposed NUM-based
scheduling approach is compared to a few “baseline” schemes.
In particular, we have considered random selection, round-
robin scheduling, and max-sum-rate scheduling.'*> Random
selection picks at each scheduling round K, out of K UEs
per time slot, independent of the previous scheduling deci-
sions. Round-robin scheduling sorts the UEs by their index and
schedule them in lexicographic order, such that at scheduling
slott =1,2,3,... the active user set is {¢,t+1,...,t+ Kaet}
with indices repeated periodically modulo K. The max-sum-
rate scheduler selects in each time slot the K,. UEs to
maximize the sum expected service rate. This is equivalent
to fixing the virtual queues in (17) such that Qx(¢t) = 1, Vk,t.
Fig. 3 shows the per-user throughput CDF with F' = 1 for
PES, HFS, and the three baseline schedulers. We notice that the
max-sum-rate scheduler results in a very unfair throughput rate
distribution, with a large number of UEs with zero throughput
(see the jump at t = 0 of the corresponding CDF). The
PFS performs generally better than round robin and random
scheduling. As expected, HFS equalizes the throughput rates
across all UEs (the corresponding CDF is very close to a step
function), and clearly yields a large improvement of the mini-
mum rate with respect to PFS, while significantly reducing the
maximum rates. Also, Fig. 3 compares the throughput CDF
of PFS and HFS with fixed pilots and pilot reassignment, for
F = 1. We notice that for both HFS and PFS the degradation
incurred by fixed pilots with respect to the more complex
pilot reassignment scheme is very moderate. This indicates
that although K, is significantly smaller than K, allocating
UL pilots to all users independently of the scheduling decision,
and performing the WSRM under the proposed conflict graph
constraint, is indeed an attractive approach.

B. Effect of the frequency diversity

Here we wish to assess the effect of increasing the frequency
diversity by forming wider band subchannels with F' = {5, 10}

3Note that for the baseline schedulers, we use the pilot reassignment
scheme. In case of conflicts, the pilot reassignment is repeated with a different
user order (but same set of active users) until an assignment without conflicts
is found.
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RBs. We compare all systems under pilot reassignment. Fig. 4
shows the hardening of the instantaneous mutual information
with increased frequency diversity order. In fact, the empirical
CDF of the mutual information is less and less spread as
F' increases. This allows a more aggressive instantaneous
rate allocation in the active slots. As a result (see Fig. 4),
the user throughput rates in a system with ' = {5,10}
can be significantly increased compared to F' = 1 for both
PFS and HFS. This is also evidenced in Fig. 5, showing the
geometric mean of the user throughputs under PFS, and the
minimum user throughput under HFS. Notice that the former is
directly related to the PFS objective function, since obviously
(H;f:(f) ﬁk) T~ exp (K(IF) (ZkK:(f) log ﬁk))~

We also observe that the improvement from ' = 1to F' =5
is quite significant, while further increasing the frequency
diversity to F' = 10 yields a smaller performance gain,
especially for HFS. This indicates a sort of saturation of the
benefit provided by frequency diversity. As a matter of fact,
since the number of users per subchannel K (F') increases
linearly with F', the scheduler must solve a larger WSRM
problem for larger F. Hence, it is advisable to choose a
moderate value of F' that yields good frequency diversity gain
but not a too complex scheduler.
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C. Downlink Scheduling

Although in the paper we have mainly considered the UL
for the sake of exposition, the same approach can be applied
to the DL. Fig. 6 shows the UL/DL results for PFS and HFS,
respectively, in the case of F' = 1 and pilot reassignment,
where the DL precoding vectors are identical to the UL
detection vectors and uniform power allocation over all DL
data streams is used, such that the total transmit power for UL
and DL is identical, as explained previously. We notice that a
similar user throughput is achieved in both cases, confirming
the approximate duality results of our previous work [37].
Note that in the case of practical relevance of an imbalance in
UL and DL traffic demands, a different number of time slots
can be allocated to the UL and DL to meet the respective
demand. Therefore, while our results show balanced UL and
DL throughput distributions, it is clear that by unequal slot
allocation one can adapt UL and DL to the actual traffic
demand.

VI. CONCLUSIONS

In this work, we considered a user-centric cell-free massive
MIMO network with a total number of users much larger than
the optimal user load. In order to serve all users in the network
with a fair distribution of throughput rates, we proposed a
dynamic scheduling scheme based on Network Utility Maxi-
mization via the Lyapunov DPP approach. While the approach
is quite standard, we have addressed several issues that are
specific of the system at hand and represent the main novelty
of this work. In particular, we considered the problem of pilot
and cluster assignment, which can be fixed for all users, or
dependent on the scheduling decision (reassignment). The key
component of the dynamic scheduler is a novel conflict-graph
constrained WSRM problem to be solved at each scheduling
round, in the form of an integer linear program. Also, we
considered the problem of instantaneous rate allocation in
the information outage regime, based on the empirical CDF
of the instantaneous mutual information that each UE can
accumulate on a window of past time slots. This is very
different from the standard works on cell-free massive MIMO,
that consider ergodic rates and users continuously active on
a (virtually infinite) sequence of fading states. In our case,
block by block coding/decoding is dictated by the fact that
users are scheduled on generally non-consecutive slots, and
coding across slots would result in excessive decoding delay,
incompatible with the low latency requirement of 5G systems.
The use of information outage rates also illuminated the role
of frequency diversity. For a given total number of users in
the system and a total system bandwidth, allocating wider
subchannels yields larger frequency diversity order, but also

-
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more users per subchannel. This means that each user is active
for a smaller fraction of time, but when active it transmits
at higher rates (in bit/s). We have verified that a moderate
amount of frequency diversity is indeed beneficial for the user
throughput. However, this benefit tends to saturate and since
larger subband channels involve a higher complexity in the
scheduler (namely, a larger size of the integer program to solve
the WSRM problem at each scheduling round), it is advisable
to carefully dimension the subchannel bandwidth in order to
achieve a good tradeoff between throughput performance and
scheduler complexity.

Overall, we have demonstrated the effectiveness of the
proposed approach by considering a system with 10,000 users
in 0.2 x 0.2 km?, a total bandwidth of 60 MHz and 200
infrastructure antennas (20 RUs with 10 antennas each). Under
PFS with F' = 5 the system achieves a geometric mean
throughput rate per user of approximately 1.1 Mb/s (see
Fig. 5). This corresponds to a total rate (sum over all users)
of 11 Gb/s over 60 MHz, i.e., a total spectral efficiency of
183.3 bit/s/Hz per 0.2 x 0.2 km? or, equivalently, 4582.5
bit/s/Hz per km2. We conclude that such system is capable
of providing an excellent mean throughput rate with fairness
among a large population of users, and it is therefore a very
attractive solution to serve extremely dense localized areas,
such as sport stadiums, train stations, shopping malls, and
similar.

APPENDIX A
PROOF OF THEOREM 1

For the proof of Theorem 1, we use the Lyapunov drift
approach. We let Q = [Ql...QK]T, and the Lyapunov
function defined on RY is given by £(Q) = 1 31| Q7 with
the corresponding one-step Lyapunov drift

A(Q(1) = E[L(Q(t + 1)) — LIQ()IQ()]-

Further, we use (18) and write
Qr(t+1)°

= (max {Qu(t) — px(t), 0} + A(t))?
< [Qr(t) — ur(t)]* + AR(t)
+ 24, () max {Qp(t) — pr(t),0}
= QF(t) + pi(t) — 2Qk (t)px(t) + AZ(t)
+ 24, (t) max {Qx () — pux(t), 0}

< Qi(t) + 1k () + AR(1) — 2Qu(t) [ (t) — Ax()] -
Summing with respect to k and applying the conditional
expectation E[-|Q(t)], we arrive at
K

AQ() < 3 Y E[(0) + A2(1)|Q()]
k=1

(29)



- 2 Qr(OE [pe(t) — Ae(1)[Q(1)] -

In addition, we need: the following Lemma to prove Theo-
rem 1.

(30)

Lemma 2. Ler the service rates {up(t)} be obtained
by the scheduler 7. Then, for any p € R, we have

S QeE [k (0)]Q(1)] = T, Qu(t)i

Proof: Notice that R is a convex compact region in Rf.
For any fixed non—negative weight vector QQ, the maximum
of the linear function ZkK=1 QrrE, where T € R, is achieved
by some v € I'. We let Q2(¢) denote the mutual information
statistics available in time slot ¢ used to compute (14). Hence,
for any 1 € R and weight vector Q(t), there exists v € I" such
that

Awmwﬂmﬂ

= Y Qe®E[E [ (H®). A(Q0) [20]|Q®)]. 61
k=1

Since we assumed that the service rates ug(t) are ob-
tained by applying the policy 74, then by definition

E[E [ (H(), 5(@(0) 120)] [Q®)] = E[u(b)]QW),
and the Lemma is proved. |
Proof of Theorem 1. We define A(t) = Zt ! o E[A(T)

and @(t) = 13U E[u(n), where A(T) =
[A1(7) ... Ag(T)]" and u( ) are the virtual arrival process
and the service rate vector induced by 7. From [27], we know

that

7=0 7=0 ¢
We w111 use the followmg preliminary fact, whose proof uses
(32) and the fact that strong stability and uniformly bounded
arrival processes imply mean-rate stability (i.e., E[Q(¢)/t —

0]) [25].

Fact 1. We assume that the queues Q(t) are strongly stable
and that there is a finite upper bound A,y on arrivals for all
t. If g(+) is a continuous and componentwise non-decreasing
function, then

(32)

lim inf g(A(1)) < liminf g(7a(1)), (33)
limsup g(A(¢)) < g(A" (Amax))- (34)
—00
O
We  further  observe  that  E[u2.(t)] <
2
E [(}V Z}Ll log (1 + %)) ] where the latter

is the maximum achievable instantaneous rate of UE k*,

L hy, (¢,
given by argmax + log( + %Tf)‘), under perfect
ke[K] f=1
CSI and as if it was alone in the system. It follows that
K
1
5 2 E[iE(t) + AR(1)Q()]
k=1
K 1 & B (LY
< = | A2 AN 14 AT
2 | Fmax (F f; Og( T ToNR >>
L2 0<ow. (35)
From (30), (35) and Lemma 2, we know that
K K
AQ() < C = Qe + Y QuDE[4(1)|Q(1)]
k=1 k=1
(36)

where A(Q(t)) is the Lyapunov drift defined in (29), C is
given in (35) and o = [fiq,. .. ,ﬂK]T is any rate vector in
R. Following the technique in [25], [260], we subtract a term
related to the utility function from both sides of (36), which
yields

A(Q(1) = VE[g(A(1)Q(1)]

K
<O =) Qult)iu
k=1

K
+E | D Qut)Ar(t) — ))‘Q(t)l -
k=1

(37)
We note that 7 is defined in (16) such that it minimizes the
right hand side over all vectors a that satisfy 0 < ax < Apax
for all k. Now, let z be any vector in R that satisfies 0 < zj, <
Apnax for all k. Then

A(Q())“/E[( ()|Q()]
<C-— ZQk k+ZQk )zk(t) — Vg(z).

Taking expectat1ons of both 51des of the above inequality and
using the law of iterated expectations yields

(38)

IE[E(Q(t + 1) - E[£(Q(1)] — VE[g(A(?))]
<C- Z E[Qx()](itx — 2x) — Vg(2). (39)
k=1

We assume Q(0) = O for simplicity. The above inequality
holds for all ¢. Summing over 7 € {0, ...t — 1}, dividing by
t, rearranging terms, and using the non-negativity of £(-) we

have
1=l K
; Z Z Vg(z)7
(40)
where we used Jensen’s inequality in the concave function
g(+). The above inequality holds for all ¢, all iz € R, and all
z € R such that 0 < 2z, < Anax for all k. Parts (a) and (b) of

Theorem 1 are proven by plugging different values into (40).
We first prove part (b).

1(in — 2x) < C + Vg(A(t) —

Proof of part (b). Take any point z € R such that z =
[Z1. ZK]T and 0 < Z < Apax for all k. Choose 1 = z and



z = f3z, for any f3 € [0, 1]. Then, from (40), we have

t—1 K N ~
13 ) Q)] < AR = o),

7=0k=
Now, we}C ﬁlrst prove that the queues are strongly stable and
then, using Fact 1, we obtain part (b) of Theorem 1. Notice
that g(A(t)) < g(Amax), Where A . is a vector with each
entry equal to Ap,,. Using this bound in (41) and taking a

lim sup yields

(41)

) 13 & C + Vg(Amax) — Vg(B2)
"oy 4, & WEQn) < T
(42)

By assumption, there exists at least one point r € R that has
all positive entries and such that (%) > —o0. Choosing 8 = 1
and z = r, it follows that the right-hand site of (42) is finite
and hence all queues are strongly stable.

Because of strong stability and since the arrival processes
are bounded by A,.x < 00, we can apply inequality (34) of
Fact 1 to the right-hand site of (41) after taking a lim sup and
obtain the result of part (b).

Proof of part (a). We obtain g(A(t)) = g(f* (Amax)) — %
by plugging ot = z = 1" (Amax) into (40). By taking lim inf
and using (33) of Fact 1, we obtain the result of (a).
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