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Abstract—Leveraging the available millimeter wave spectrum
will be important for 5G. In this work, we compare an in-
formation theory based analytic result for the achievable rate
of digital beamforming systems using low resolution Analog-
to-Digital-Converters (ADCs), to a link-level simulation of the
same system. For both evaluation methods we include imperfect
channel knowledge at the receiver and the effects of the ADC
in a wideband multi-user uplink scenario. For the system we
choose a configuration defined by 3GPP New Radio (5G). Our
results show a performance gap between the two systems, which
is comparable to other evaluations of this kind for systems like
LTE (4G). In the low-to-medium SNR regime from -20 to 0 dB
there is a constant difference of about 4 dB between the two
evaluation methods. However, due to a number of effects not
modeled in the achievable rate analysis the maximum spectral
efficiency saturates at a significantly lower value.

Index Terms—MIMO equalization, low resolution ADC, mil-
limeter wave, wireless communication.

I. INTRODUCTION

Due to the propagation conditions at millimeter Wave

(mmWave) frequencies, wireless communication in this band

is especially attractive for high data rate, shorter range ap-

plications. In recent years, the availability of spectrum and

consumer grade systems at mmWave frequencies has led to a

huge increase in academic and industrial research. However,

to fully leverage the spectrum in a power-efficient way, the

BaseBand (BB) and Radio Front-End (RFE) capabilities must

be drastically changed from current state-of-the-art cellular

devices.

Most mmWave systems being developed in the industry

concentrate on analog or sub-array hybrid beamforming. As

the beams can only be adapted to one user, not all degrees of

freedom are available to each user in a Multi User - Multiple

Input, Multiple Output (MU-MIMO) setup. This lead to the

interesting result that a digital beamforming system using

low resolution Analog-to-Digital-Converters (ADCs) is more

energy efficient in a wide range of scenarios [1].

Evaluation of digital beamforming systems with low res-

olution ADCs has thus mainly concentrated on either signal

processing aspects, achievable rate or Bit Error Rate (BER)

analyses. There have been analyses considering uplink wide-

band systems [2], multiple users in the uplink [3] or the

effects of imperfect Channel State Information (CSI) at the

receiver [4]. Different signal processing issues such as channel

estimation [5] and Multiple Input, Multiple Output (MIMO)

equalization [6], [2] have been analyzed individually without

considering all aspects of a receiver combined.

In this work we want to bridge the gap between these two

evaluation methods. The main target is to show that indeed

we can approach the attractive data rates promised by analytic

methods using standard signal processing techniques. In [7]

the authors show a similar comparison for a point-to-point

Long Term Evolution (LTE) system. Since we concentrate on

a system setup that is almost identical with a third Generation

Partnership Project (3GPP) New Radio (NR) system and a sub-

carrier spacing scaled to 480 kHz, we believe that these results

show that such a receiver might be attractive for a practical

system.

Due to the limited space not all details are given. In this

work we only describe the overview and the differences with

our theoretical evaluation in [1] and the link-level evaluation

in [8]. The remaining paper is organized as follows: In the first

section we present the chosen channel estimation method as

well as the model for the theoretical evaluation. Afterwards,

the approach used for the information theoretic rate evaluation

as well as MIMO detection for the link-level evaluation are

introduced. To highlight that it is possible to achieve the

theoretically predicted rates in a link-level based evaluation,

we show the comparison between these two methods for the

same scenario. At the end of the paper we summarize our

findings.

Throughout the paper we use boldface lower and upper case

letters to represent column vectors and matrices, respectively.

The term am,l is the element on row m and column l of matrix

A and am is the mth element of vector a. The expressions

A∗, AT , AH , and A−1 respectively represent the complex
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conjugate, the transpose, the Hermitian, and the inverse of the

matrix A. The symbol Rab is the correlation matrix of zero-

mean vectors a and b defined as E[abH ].

II. CHANNEL ESTIMATION

For this evaluation we use the 3GPP NR Orthogonal Fre-

quency Division Multiplexing (OFDM) type 1 DeModulation

Reference Signals (DMRS) consisting of a pseudo noise

sequence defined by parts of a length-31 Gold sequence

described in [9]. These reference signals use three techniques

to orthogonalize the signals from different users:

• Time domain Cyclic Shift (CS)

• Frequency Division Multiplexing (FDM)

• Code Division Multiplexing (CDM) for the case of more

than four users

In this work we assume only four users, thus only time domain

CS and FDM are used. These techniques in conjunction with

the use of the Gold sequences provides sufficient orthogonal-

ity. Therefore, for the following theoretical calculation of the

channel estimation Mean Square Error (MSE) as well as the

channel estimation algorithm for the link-level simulation, we

assume that the signals from different users are completely

orthogonal.

For both the link-level simulation and calculation of the

theoretical channel estimation MSE we use separate inter-

polation in the time and frequency dimensions. The work

in [10] shows that this leads to only a minor performance

degradation compared to joint time-frequency interpolation at

a greatly reduced computational complexity. To further reduce

the complexity we also limit the number of Sub-Carriers (SCs)

that are used for the interpolation in the frequency direction.

Again, we use the same setting for the theoretical and link-

level based evaluation. This is different from the evaluation

in [1] which did not place any restriction on the length of

each interpolation filter and also included spatial smoothing. In

this work we do not assume the algorithm to have knowledge

about the antenna array geometry. Another important aspect is

that for these channel estimation and equalization techniques

to work properly, it must be ensured that the power received

from different users is not very different. In a practical system

this is ensured via power control.

Assuming perfect synchronization of the timing and carrier

frequency, the received OFDM signal Yk,� for SC k and

OFDM symbol � can be written as

Yk,�, = Hk,�Xk,� + ηk,�, (1)

where we assume that the channel impulse response is shorter

than the Cyclic Prefix (CP), and Hk,�, Xk,� and ηk,� represent

the channel, transmit signal and white Gaussian noise, re-

spectively. Since the channel estimation procedure is executed

separately for each antenna and user, no user or antenna index

is used. It is important to note that this technique assumes

knowledge of the following statistical channel parameters:

• Doppler spread

• Delay spread

• Received Signal-to-Noise-Ratio (SNR) of each user

Assuming a reference symbol is present on SC q and OFDM

symbol p, we multiply the signal with the known reference

signal to obtain the corresponding channel estimate for this

resource element

Ĥp,q = Yp,qX
∗

p,q = Hp,q + ηp,q, (2)

where we assume that
∣∣X∗

p,q

∣∣ = 1. By combining the channel

estimates for all resource elements on K SCs and L symbols

we get

ĥr =
[
Ĥ1,1, Ĥ2,1, · · · , ĤK−1,L, ĤK,L

]T
. (3)

For all positions where no reference signals were sent, the

corresponding element of ĥr is set to zero. The set P contains

the indices of the reference symbols in ĥr. Applying the

matrices for interpolation and smoothing in the time At and

frequency Af domain, we get the overall estimate of the

channel at each position

ĥ = Atf ĥr = (At ⊗Af ) ĥr. (4)

In many cases the covariance of the channel is unknown,

and it is necessary to generate the interpolation matrices based

on a model for the covariance matrix. The parameters of this

model also need to be estimated. It is important to mention

that the same interpolation matrix Af is used for all OFDM

symbols containing reference symbols. This means that if the

reference signal pattern in these symbols is not the same, we

need to apply different matrices for each symbol. In the case

of 3GPP NR OFDM type 1 DMRS the patter on each OFDM

symbol carrying reference signals is the same. In this work

we assume the Doppler spread to be small enough that the

channel can be assumed to remain static in one subframe of

14 OFDM symbols. Therefore, the time interpolation matrix

At consists only of an averaging among the OFDM symbols

that contain reference symbols.

The frequency interpolation and smoothing matrix Af is

based on the Minimum Mean Square Error (MMSE) solution

described in [10]. To generate these matrices based on this

method, we need to generate the auto- and cross-correlation

of the channel Rhdhd
and Rhdh�

. The vectors hd and h� rep-

resent the channel at the position of the reference signals and

the channel for all SCs and for OFDM symbol �, respectively.

In the case that we know all these matrices, the interpolation

matrix is defined as

Af = Rhdh�
(Rhdhd

+Rηη)
−1

, (5)

where Rηη is the noise covariance matrix. In a practical sys-

tem we could easily have hundreds of SCs, thus the complexity

of the matrix inversion is extreme. Even if the values of the

inversion are precomputed, the subsequent matrix-vector mul-

tiplication has high complexity. We therefore limit the length

of the reference symbols considered for the interpolation to a

certain number KC . Since the channels for widely separated

SCs is nearly uncorrelated, this has only a minor impact on

the performance but significantly decreases the complexity.
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In addition, for a practical system it is often not possible

to directly observe and estimate the covariance matrix of

the channel, especially with no reference signals present.

Consequently, we use a model to generate the covariance

matrices. For many real-world scenarios, multipath signals that

arrive later at the receiver propagate over a longer distance,

thus leading to lower energy at the receiver. Since this can

be well approximated by an exponential Power Delay Profile

(PDP), we use this as a model for the interpolation matrix.

Since the elements of Rhdh�
and Rhdhd

represent the cross

correlation of different elements of the channel, all elements

of these matrices are defined by the cross correlation between

the channels on SC i and j

E[hih
∗

j ] =
1

1− j2πτRMSΔfd(i, j)
, (6)

where τRMS is the Root Mean Square (RMS) delay spread as

defined in [11] and d(i, j) the frequency separation of the ith

and jth SCs. Since the RMS delay spread usually remains

stable over a long period it can be estimated and we assume

that it is perfectly known for the link-level simulation as well

as the theoretical evaluation.

If we exclude the spatial interpolation from the theoretical

channel estimation error derived in [1] we get the following

expression for the average per-SC channel estimation error

1

KL
E

[∣∣∣
∣∣∣ĥ− h

∣∣∣
∣∣∣2
]
=

1

KL
[C1− 2�(C2) + C3] , (7)

with the components C1, C2 and C3 defined as:

C1 =
∑
p1∈P

∑
p2∈P

(
[At]

H
�2[At]�1

) (
[Af ]

H
k2[Af ]k1

)
(
[Rt

hh]�1,�2[R
f
hh]k1,k2 + [Rt

ηη]�1,�2[R
f
ηη]k1,k2

)
,

C2 =
∑
p∈P

[AH
t Rt

hh]�,�[A
H
f R

f
hh]k,k,

C3 = tr
(
Rt

hh

)
tr
(
R

f
hh

)
,

(8)

where k, k1, k2, �, �1 and �2 are the frequency and time in-

dices corresponding to the position of the reference symbols p,

p1 and p2. The symbols R
f
hh, Rt

hh, Rf
ηη and Rt

ηη represent

the temporal and frequency component of the channel h and

noise η correlation.

For the simulations we use the channel model described in

[12]. In Figure 1 we show the channel estimation error for

different interpolation lengths. For low SNRs the additional

benefits of averaging leads to the interpolation of length 16

having the best performance, and we note that the gap between

the curves corresponds to the theoretically predicted 3 dB loss.

In the high SNR regime the longest interpolation length over-

fits the exponential PDP. To achieve a good trade-off between

complexity and performance over the whole SNR range we

use a maximum interpolation length of 8 for the rest of this

work.
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Fig. 1. Channel estimation MSE with different maximum interpolation length
KC .

III. RATE EVALUATION

A. Theoretical Rate Evaluation

For the comparison we use almost the same rate calculations

as developed in [1]. The only difference is that in this work we

included the effects of linear MMSE MU-MIMO equalization

into our evaluation. To explain the main principles of this

calculation we just highlight the effects taken into account as

well as the modeling assumptions. The rate calculation takes

the following effects into account:

• Multiple users

• Multiple receive antennas

• Frequency-selective channel

• Low-resolution ADCs with quantization error modeled as

non-white additive noise with variance dependent on the

receive power

• Imperfect CSI at the receiver based on derived expres-

sions for the channel estimation MSE

• Transmitter impairments modeled as an additive Error

Vector Magnitude (EVM)

• Perfect timing and carrier frequency synchronization

• MMSE MU-MIMO spatial channel equalization

To make the calculation tractable we used the following

assumptions:

• Frequency domain sub-channels are frequency flat

• Transmit signal is Gaussian

• No collaboration among the users

These assumptions are justified below. If the size of the Dis-

crete Fourier Transformation (DFT) is chosen to be sufficiently

large, the resulting sub-channels can be well approximated

to be frequency flat. For constellations of the Quadrature

Amplitude Modulation (QAM) family, there exists only a

small shaping-gap compared with Gaussian symbols [13]. The

assumption of Gaussian quantization noise is not satisfied for

very low resolutions (1-2 bit) in the time domain. However,

all rate calculations in this work are made in the frequency

domain. Due to the central limit theorem [14] the distribution

of the quantization noise in the frequency domain converges

to Gaussian. We have also verified this in our simulations.

For most of the cases in a practical system, users cannot

collaborate, because they have different data to transmit and

do not know that the others are present.
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B. Link-Level Simulation Based Rate Evaluation

For the link-level simulations we take the same effects

into account as described in the preceding paragraph for the

theoretical evaluation. There are some additional effects that

must be accounted for, and we describe them in the following

paragraph.

As mentioned above, since the processing is performed in

the frequency domain, the quantization error can be modeled

as Gaussian. Thus, in all the link-level processing steps we

simply treat the quantization error as additional noise. Based

on the channel estimate we also determine the signal power

by averaging over the estimated power at each SC. In a

similar fashion we estimate the noise power by regenerating

the receive signal from the channel estimate and the known

reference signal. Afterwards, we subtract this regenerated

receive signal from each user to generate noise samples and

then average over their power. This estimate is used to align

the power of the noise at each antenna.

As in [8] we use an unbiased MMSE receiver for the

MIMO equalization. We use the channel estimates to generate

the MMSE MIMO equalizer. We also use the rate matching

channel code and the Cyclic Redundancy Check (CRC) from

a standard 3GPP LTE system defined in [15]. To adapt to

different channel conditions we use QPSK, 16-QAM and 64-

QAM modulation with different code rates. For each SNR

we calculate the BLock Error Rate (BLER) for each of the

modulation formats and combine that with the bits transmitted

in one block to calculate the transmitted data rate. Then we

select the highest data rate separately for each SNR.

IV. SIMULATION RESULTS

A. Simulation Parameters

All major simulation parameters are shown Table I. These

describe a 3GPP NR system with a SC spacing of 480 kHz,

but we used an LTE turbo code instead of the codes defined

for NR. To enable simulations over a wide SNR range the

modulation and code rate combinations in Table II are used.

At the modulation format switching point we always choose a

configuration for each of the two modulation formats to have

the same spectral efficiency. This enables us to compare the

effects of the different modulation formats. For the calculation

of the spectral efficiency we included the CP and channel

estimation reference signal overhead in both the theoretical

and link-level evaluations. We also only used the occupied

bandwidth of 1200 ∗ 32 ∗ 15 kHz = 576 MHz for the spectral

efficiency calculation, thus neglecting the guardband required

in a practical system. It is important to mention that the

oversampling is also taken into account in the theoretical rate

calculation, as it changes the quantization noise power for each

frequency bin.

B. Simulation Results

The results for the comparison between the rate calculation

and the link-level simulations are shown in Fig. 2, and we

see a gap between the theoretical and link-level simulation

TABLE I
SIMULATION PARAMETERS.

Parameter Description

Reference Signal 3GPP NR OFDM type 1 DMRS

Reference OFDM symbols per sub-
frame

2

Channel estimation interpolation 1D MMSE for time and frequency
dimensions

Number of users 4

Number of receive antennas 64

Channel model NYU channel model [12]

SNR definition Average per user per antenna SNR

Channel code LTE turbo code

MIMO detection algorithms MMSE

ADC resolution 1-3 bit

Modulation format QPSK, 16-QAM, 64-QAM

Number of channel realizations 30

SC spacing 480 kHz

Allocated SCs 1200

OFDM symbols per subframe 14

Subframes simulated per channel
realization

10

EVM -25 dB

TABLE II
LINK-LEVEL SIMULATION MODULATION AND CODE RATE

COMBINATIONS.

Modulation format Code Rate bits per symbol

QPSK 0.1 0.2

QPSK 0.2 0.4

QPSK 0.3 0.6

QPSK 0.4 0.8

QPSK 0.5 1.0

QPSK 0.6 1.2

16-QAM 0.3 1.2

16-QAM 0.4 1.6

16-QAM 0.5 2.0

16-QAM 0.6 2.4

64-QAM 0.4 2.4

64-QAM 0.5 3.0

64-QAM 0.6 3.6

64-QAM 0.7 4.2

64-QAM 0.8 4.8

results. There are multiple effects that make the results of the

link-level simulations worse than the theoretical evaluation:

• Transmit symbols are not Gaussian

• Theoretical evaluation does not take the Inter Symbol

Interference (ISI) of channels that are longer than the

CP into account

• LTE turbo code performance is not ideal

Considering all these reasons for the performance gap, we

believe that these results show that the interesting rates pre-

dicted in many theoretical evaluations could translate well to

a practical implementation. The performance gap is consistent
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Fig. 2. Comparison of spectral efficiency results based on Theoretical Rate (TR) results and link-level Simulation (LLS) including reference and CP overhead.

with that observed in similar evaluations for a point-to-point

LTE system in [7]. We note that the low-SNR regime is the

more likely operating condition for such systems, and the

observed performance difference is much smaller there. For

the modulation and coding schemes that result in the same

spectral efficiency, there is a performance gap of 5 dB between

QPSK and 16-QAM modulation for 1 bit resolution, showing

that all amplitude information is lost during the quantization

of the time domain symbols. As the systems using ADCs with

2-3 bits of resolution do not remove the amplitude information

for each time domain sample, the performance difference for

the configuration with the same spectral efficiency is in the

range of 0 to 1 dB. We also highlight that the SE of 10 bps/Hz

results in a combined data rate of about 5.8 Gbit/s.

V. CONCLUSION

This comparison shows that indeed the data rates predicted

for mmWave digital beamforming with low resolution ADCs

translates well into link-level simulation results. At low per-

antenna SNRs where such systems will likely operate, the

performance of the link-level simulation can achieve the same

data rate at about 4 dB lower SNR compared to the theoretical

prediction. At high SNRs, the additional limitations of the

constellation used in this work leads to a maximum data

rate that is substantially lower compared to the theoretical

prediction. The next steps going beyond this work could be to

include more realistic aspects like beam alignment procedures,

carrier frequency offset, timing offset and power offset of the

different users in the link-level simulation.

ACKNOWLEDGMENT

This work has been performed in the framework of the

Horizon 2020 project ONE5G (ICT-760809) receiving funds

from the European Union. H. Pirzade and A. Swindlehurst

were supported by the U.S. National Science Foundation under

Grants ECCS-1547155 and CCF-1703635.

REFERENCES

[1] K. Roth, H. Pirzadeh, A. L. Swindlehurst, and J. A.
Nossek, “: A comparison of hybrid beamforming and digital
beamforming with low-resolution ADCs for multiple users and

imperfect CSI,” To appear in the IEEE Journal of Selected Topics in

Signal Processing, vol. abs/1709.09047, 2017. [Online]. Available:
http://arxiv.org/abs/1709.09047

[2] C. Molln, J. Choi, E. G. Larsson, and R. W. Heath, “Uplink performance
of wideband massive MIMO with one-bit ADCs,” IEEE Transactions on

Wireless Communications, vol. 16, no. 1, pp. 87–100, Jan 2017.
[3] S. Jacobsson, G. Durisi, M. Coldrey, U. Gustavsson, and C. Studer,

“Throughput analysis of massive MIMO uplink with low-resolution
ADCs,” IEEE Transactions on Wireless Communications, vol. 16, no. 6,
pp. 4038–4051, June 2017.

[4] Y. Li et al., “Channel estimation and performance analysis of one-
bit massive mimo systems,” IEEE Transactions on Signal Processing,
vol. 65, no. 15, pp. 4075–4089, Aug 2017.

[5] A. Alkhateeb, O. E. Ayach, G. Leus, and R. W. Heath, “Channel
estimation and hybrid precoding for millimeter wave cellular systems,”
IEEE Journal of Selected Topics in Signal Processing, vol. 8, no. 5, pp.
831–846, Oct. 2014.

[6] S. Wang, Y. Li, and J. Wang, “Multiuser detection in massive spatial
modulation MIMO with low-resolution ADCs,” IEEE Transactions on

Wireless Communications, vol. 14, no. 4, pp. 2156–2168, Apr. 2015.
[7] M. Rupp, S. Schwarz, and M. Taranetz, The Vienna LTE-Advanced

Simulators: Up and Downlink, Link and System Level Simulation, 1st ed.
Springer Publishing Company, Incorporated, 2016, p. 187.

[8] K. Roth and J. A. Nossek, “Robust massive MIMO
Equilization for mmWave systems with low resolution
ADCs,” ArXiv e-prints, Nov. 2017. [Online]. Available:
http://adsabs.harvard.edu/abs/2017arXiv171105154R

[9] 3GPP, “NR; Physical channels and modulation,” 3rd Generation
Partnership Project (3GPP), TS 38.211, 2017. [Online]. Available:
http://www.3gpp.org/ftp/Specs/html-info/38211.htm

[10] P. Hoeher et al., “Two-dimensional pilot-symbol-aided channel estima-
tion by Wiener filtering,” in Int. Conf. on Acoustics, Speech, and Signal

Processing (ICASSP) 1997., vol. 3, Munich, Bavaria, Germany, Apr.
1997, pp. 1845–1848 vol.3.

[11] A. Goldsmith, Wireless Communications. New York, NY, USA:
Cambridge University Press, 2005.

[12] M. K. Samimi and T. S. Rappaport, “3-D millimeter-wave statistical
channel model for 5G wireless system design,” IEEE Transactions on

Microwave Theory and Techniques, vol. 64, no. 7, pp. 2207–2225, July
2016.

[13] G. D. Forney and G. Ungerboeck, “Modulation and coding for linear
Gaussian channels,” IEEE Transactions on Information Theory, vol. 44,
no. 6, pp. 2384–2415, Oct 1998.

[14] W. Feller, “The Fundamental Limit Theorems in Probability,” Bull. Amer.

Math. Soc., vol. 51, pp. 800–832, 1945.
[15] 3GPP, “Evolved Universal Terrestrial Radio Access (E-

UTRA); Multiplexing and channel coding,” 3rd Generation
Partnership Project (3GPP), TS 36.212, 2018. [Online]. Available:
http://www.3gpp.org/ftp/Specs/html-info/36212.htm

2018 European Conference on Networks and Communications (EuCNC): Physical Layer and Fundamentals (PHY)

382


