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I, June Ann Munford, hereby state as follows: 

1. I am over the age of 18, have personal knowledge of the facts set forth 

herein, and am competent to testify to the same. 

2. I earned a Master of Library and Information Science (MLIS) from the 

University of Wisconsin-Milwaukee in 2009. I have over ten years of experience in 

the library/information science field. Beginning in 2004, I have served in various 

positions in the public library sector including Assistant Librarian, Youth Services 

Librarian and Library Director. I have attached my Curriculum Vitae as Exhibit 

1024. 

3. During my career in the library profession, I have been responsible for 

materials acquisition for multiple libraries. In that position, I have cataloged, 

purchased and processed incoming library works. That includes purchasing 

materials directly from vendors, recording publishing data from the material in 

question, creating detailed material records for library catalogs and physically 

preparing that material for circulation. In addition to my experience in acquisitions, 

I was also responsible for analyzing large collections of library materials, tailoring 

library records for optimal catalog search performance and creating lending 

agreements between libraries during my time as a Library Director.  

4. I am fully familiar with the catalog record creation process in the library 

sector. In preparing a material for public availability, a library catalog record 
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describing that material would be created. These records are typically written in 

Machine Readable Catalog (herein referred to as “MARC”) code and contain 

information such as a physical description of the material, metadata from the 

material’s publisher, and date of library acquisition. In particular, the 008 field of 

the MARC record is reserved for denoting the date of creation of the library record 

itself. As this typically occurs during the process of preparing materials for public 

access, it is my experience that an item’s MARC record indicates the date of an 

item’s public availability. 

5. Typically, in creating a MARC record, a librarian would gather various 

bits of metadata such as book title, publisher and subject headings among others and 

assign each value to a relevant numerical field. For example, a book’s physical 

description is tracked in field 300 while title/attribution is tracked in field 245. The 

008 field of the MARC record is reserved for denoting the creation of the library 

record itself. As this is the only date reflecting the inclusion of said materials within 

the library’s collection, it is my experience that an item’s 008 field accurately 

indicates the date of an item’s public availability. 

6. I have reviewed Exhibit 1014, a paper entitled “A Novel CQI 

Calculation Scheme in LTE/LTE-A Systems” by X. Chen et al. (2011), as published 

in Proceedings of the 2011 International Conference on Wireless Communications 

and Signal Processing. For purposes of my analysis in this declaration, I have been 
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informed that a person of ordinary skill in the art (“POSITA”) would have had a 

bachelor’s degree in electrical engineering, computer engineering, or a related 

discipline, knowledge of the relevant 3GPP standards as of this time, and at least 2 

years of experience working in a field involving wireless communications. A person 

with a different degree but with additional relevant experience could still qualify if 

the additional experience compensates for the different educational background. A 

person with less than 2 years of experience working in a field involving wireless 

communications could still qualify if the person has additional education that 

compensates for their lesser experience. For the reasons discussed herein, Chen 

(Exhibit 1014, attached, “A Novel CQI Calculation Scheme in LTE/LTE-A 

Systems”) was publicly available to a POSITA at least as early as November 2011 

and certainly no later than December 8, 2011. 

7. Attached hereto as Appendix CHEN01 is a true and correct copy of the

MARC record for Proceedings of the 2011 International Conference on Wireless 

Communications and Signal Processing as held by the Rochester Institute of 

Technology Library. I secured this record myself from the library’s public catalog. 

The MARC record contained within Appendix CHEN01 accurately describes the 

title, publisher and ISBN number of Proceedings of the 2011 International 

Conference on Wireless Communications and Signal Processing. The ‘Available 

electronically’ field present on page 2 of Appendix CHEN01 indicates this library 
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holding is an e-book edition of Proceedings of the 2011 International Conference 

on Wireless Communications and Signal Processing hosted on the IEEE Electronics 

Books database.  

8. The 008 field of the MARC record in Appendix CHEN01 indicates the

date of record creation. The 008 field of Appendix CHEN01 indicates the Rochester 

Institute of Technology Library first acquired Proceedings of the 2011 International 

Conference on Wireless Communications and Signal Processing as of May 12, 2011. 

Considering this information, it is my determination that Proceedings of the 2011 

International Conference on Wireless Communications and Signal Processing and 

therefore “A Novel CQI Calculation Scheme in LTE/LTE-A Systems” was made 

available to the public shortly after May 12, 2011.  

9. This May 12, 2011 acquisition pre-dates the conference itself,

indicating the library purchased a copy of these proceedings pre-publication with the 

intent of making the conference proceedings available to the public upon formal 

publication. In my experience, pre-purchasing library materials in advance of 

publication is a common purchasing practice and expedites the process of making 

time-sensitive materials available to the public.  

10. Attached hereto as Appendix CHEN02 is a screen capture of a webpage

entitled “A Novel CQI Calculation Scheme in LTE/LTE-A Systems” as hosted on 

the IEEE Xplore website. I secured these screen captures myself from 
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https://ieeexplore.ieee.org/abstract/document/6096767/citations#citations. 

Appendix CHEN02 also contains a true and correct copy of “A Novel CQI 

Calculation Scheme in LTE/LTE-A Systems” I purchased from this IEEE Xplore 

page. 

11. In comparing Appendix CHEN02 to Exhibit 1014, it is my 

determination that Exhibit 1014 is a true and correct copy of “A Novel CQI 

Calculation Scheme in LTE/LTE-A Systems” by X. Chen, et al. as published in 

Proceedings of the 2011 International Conference on Wireless Communications and 

Signal Processing. The ‘Published in’ and ‘Date of Conference’ fields present on 

page 1 of Appendix CHEN02 indicates this paper was presented at the 2011 

International Conference on Wireless Communications and Signal Processing at 

some time between November 9 – 11, 2011. The ‘Date Added to IEEE Xplore’ field 

present on this web page indicates the Chen paper was first added to the IEEE Xplore 

website as of December 8, 2011.  

12. Attached hereto as Appendix CHEN03 is a screen capture of the 

Internet Archive Wayback Machine entry for 

https://ieeexplore.ieee.org/abstract/document/6096767/citations#citations. I 

secured these screen captures myself from 

https://web.archive.org/web/20110718164803/http://ic-wcsp.org/index.htm. This 

record was captured as of July 18, 2011. 
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13. Appendix CHEN03 is an Internet Archive capture of a web page 

entitled About the Conference as hosted on the 2011 International Conference on 

Wireless Communications and Signal Processing website. This page, pre-dating 

the conference, describes the publishing strategy associated with the conference 

proceedings. Appendix CHEN03 contains the following passage: “All accepted 

papers at WCSP2011 will be included in IEEE Xplore and indexed in EI.” This 

language indicates any author who submitted a paper to this conference did so with 

the clear intent to publish and distribute that work via the IEEE Xplore platform. 

This passage also indicates that these conference proceedings will be indexed in 

EI, a prominent bibliographic database also known as EI Compendex. EI 

Compendix maintains a discovery platform and search engine to assist interested 

users in finding scientific literature. The inclusion of these proceedings in the EI 

Compendix database indicates the publisher showing a clear interest in distributing 

these proceedings to an audience broader than conference attendees. 

14. Attached hereto as Appendix CHEN04 is a screen capture of the 

Internet Archive Wayback Machine entry for http://www.ic-

wcsp.org:80/Program.html. I secured these screen captures myself from 

https://web.archive.org/web/20111115211013/http://www.ic-

wcsp.org:80/Program.html. This record was captured as of November 15, 2011. 
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15. Appendix CHEN04 is an Internet Archive capture of a web page

entitled WCSP 2011 Program as hosted on the 2011 International Conference on 

Wireless Communications and Signal Processing website. Appendix CHEN04 

serves as a program for the 2011 International Conference on Wireless 

Communications and Signal Processing itself, captured four days after the 

conclusion of the conference. Page 4 of Appendix CHEN04 includes a citation of 

“A Novel CQI Calculation Scheme in LTE/LTE-A Systems”, indicating the paper 

was presented to conference attendees on November 9, 2011.  

16. Attached hereto as Appendix CHEN05 is a web capture of a website

entitled “Radio Resource Management for Green 3GPP Long Term Evolution 

Cellular Networks” on the ResearchGate website. Appendix CHEN05 also 

includes a true and correct PDF copy of “Radio Resource Management for Green 

3GPP Long Term Evolution Cellular Networks” by Mustafa Ismael Salman, et al. 

as published in IETE Technical Review, the paper described on the ResearchGate 

page. I secured these web captures myself.  

17. Page 7 of Appendix CHEN05 contains a citation to “A Novel CQI

Calculation Scheme in LTE/LTE-A Systems” by X. Chen et al. (2011), as 

published in Proceedings of the 2011 International Conference on Wireless 

Communications and Signal Processing, indicating the authors of the Salman 

paper had access to the Chen paper during the drafting process. As the Salman 
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paper was published in the May - June 2013 issue of IETE Technical Review, it is 

reasonable to assume that “A Novel CQI Calculation Scheme in LTE/LTE-A 

Systems” was available to the public prior to the publication of the May – June 

2013 issue. 

18. Attached hereto as Appendix CHEN06 is a web capture of a website

entitled “Joint Carrier Aggregation and Packet Scheduling in LTE-Advanced 

Networks” on the IEEE Xplore website. Appendix CHEN06 also includes a true 

and correct PDF copy of “Joint Carrier Aggregation and Packet Scheduling in 

LTE-Advanced Networks” by Xiaolin Cheng, et al. as published in Proceedings of 

the 2013 IEEE International Conference on Sensing, Communications and 

Networking, the paper described on the IEEE Xplore page. I secured these web 

captures myself.  

19. Page 13 of Appendix CHEN06 contains a citation to “A Novel CQI

Calculation Scheme in LTE/LTE-A Systems” by X. Chen et al. (2011), as 

published in Proceedings of the 2011 International Conference on Wireless 

Communications and Signal Processing, indicating the authors of the Cheng paper 

had access to the Chen paper during the drafting process. According to IEEE 

Xplore, the Cheng paper was presented at the Proceedings of the 2013 IEEE 

International Conference on Sensing, Communications and Networking, taking 

place from June 24 – 27, 2013. As the Cheng paper was presented in June 2013, it 
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is reasonable to assume that “A Novel CQI Calculation Scheme in LTE/LTE-A 

Systems” was available to the public prior to June 2013.  

20. Attached hereto as Appendix CHEN07 is a web capture of a website 

entitled “Full-Band CQI Feedback by Huffman Compression in 3GPP LTE 

Systems” on the International Journal of Computer Applications website. 

Appendix CHEN05 also includes a true and correct PDF copy of “Full-Band CQI 

Feedback by Huffman Compression in 3GPP LTE Systems” by Onkar Dandekar as 

published in International Journal of Computer Applications, the paper described 

on the International Journal of Computer Applications website. I secured these web 

captures myself.  

21. Page 7 of Appendix CHEN07 contains a citation to “A Novel CQI 

Calculation Scheme in LTE/LTE-A Systems” by X. Chen et al. (2011), as 

published in Proceedings of the 2011 International Conference on Wireless 

Communications and Signal Processing, indicating the author of the Dandekar 

paper had access to the Chen paper during the drafting process. As the Dandekar 

paper was published in the September 2013 issue of International Journal of 

Computer Applications, it is reasonable to assume that “A Novel CQI Calculation 

Scheme in LTE/LTE-A Systems” was available to the public prior to the 

publication of the September 2013 issue. 
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22. Attached hereto as Appendix CHEN08 is a web capture of a website

entitled “Link Adaptation Algorithms for Channel Estimate Error Mitigation in 

LTE Systems” on the IEEE Xplore website. Appendix CHEN08 also includes a 

true and correct PDF copy of “Link Adaptation Algorithms for Channel Estimate 

Error Mitigation in LTE Systems” by Huiling Dai, et al. as published in 

Proceedings of the 2012 IEEE Global Communications Conference, the paper 

described on the IEEE Xplore page. I secured these web captures myself.  

23. Page 8 of Appendix CHEN08 contains a citation to “A Novel CQI

Calculation Scheme in LTE/LTE-A Systems” by X. Chen et al. (2011), as 

published in Proceedings of the 2012 IEEE Global Communications Conference, 

indicating the authors of the Dai paper had access to the Chen paper during the 

drafting process. According to IEEE Xplore, the Dai paper was presented at the 

Proceedings of the 2012 IEEE Global Communications Conference, taking place 

from December 3 – 7, 2012. As the Dai paper was presented in December 2012, it 

is reasonable to assume that “A Novel CQI Calculation Scheme in LTE/LTE-A 

Systems” was available to the public prior to December 2012.  

24. Attached hereto as Appendix CHEN09 is a web capture of a website

entitled “A Novel Hybrid CQI Feedback Method for Throughput Improvement in 

3GPP LTE Systems” on the International Journal of Engineering Trends and 

Technology website. Appendix CHEN09 also includes a true and correct PDF 
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copy of “A Novel Hybrid CQI Feedback Method for Throughput Improvement in 

3GPP LTE Systems” by Onkar Dandekar as published in International Journal of 

Engineering Trends and Technology, the paper described on the International 

Journal of Engineering Trends and Technology website. I secured these web 

captures myself.  

25. Page 8 of Appendix CHEN09 contains a citation to “A Novel CQI 

Calculation Scheme in LTE/LTE-A Systems” by X. Chen et al. (2011), as 

published in Proceedings of the 2011 International Conference on Wireless 

Communications and Signal Processing, indicating the author of the Dandekar 

paper had access to the Chen paper during the drafting process. As the Dandekar 

paper was published in the October 2013 issue of International Journal of 

Computer Applications, it is reasonable to assume that “A Novel CQI Calculation 

Scheme in LTE/LTE-A Systems” was available to the public prior to the 

publication of the October 2013 issue. 

26. Appendix CHEN01 indicates the Rochester Institute of Technology 

Library first acquired a copy of Proceedings of the 2011 International Conference 

on Wireless Communications and Signal Processing and thus “A Novel CQI 

Calculation Scheme in LTE/LTE-A Systems” as of May 12, 2011 with the intent 

of making these works available to the public soon after. Appendix CHEN04 

indicates “A Novel CQI Calculation Scheme in LTE/LTE-A Systems” was 
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presented to an audience to conference attendees as of November 9, 2011.  

Appendix CHEN02 indicates Proceedings of the 2011 International Conference on 

Wireless Communications and Signal Processing and thus “A Novel CQI 

Calculation Scheme in LTE/LTE-A Systems” were first added to the IEEE Xplore 

database as of December 8, 2011. Appendices CHEN04 – CHEN09 are each 

academic papers published or presented from December 2012 through October 

2013, with each paper containing a citation to “A Novel CQI Calculation Scheme 

in LTE/LTE-A Systems”. As such, it is my determination “A Novel CQI 

Calculation Scheme in LTE/LTE-A Systems” was first made available to the 

public in November 2011 via attending the 2011 International Conference on 

Wireless Communications and Signal Processing and certainly no later than 

December 8, 2011. The prevalence of citations from December 2012 – October 

2013 indicates “A Novel CQI Calculation Scheme in LTE/LTE-A Systems” was 

broadly distributed and made available to the public by the paper’s publisher from 

November 2011 to December 2012. 
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27. In signing this Declaration, I understand that the Declaration will be

filed as evidence in a contested case before the Patent Trial and Appeal Board of the 

United States Patent and Trademark Office. I acknowledge that I may be subject to 

cross-examination in the case and that cross-examination will take place within the 

United States. If cross-examination is required of me, I will appear for cross-

examination within the United States during the time allotted for cross-examination. 

28. I hereby declare that all statements made herein of my own knowledge

are true and that all statements made on information and belief are believed to be 

true; and further that these statements were made with the knowledge that willful 

false statements and the like so made are punishable by fine or imprisonment, or 

both, under Section 1001 of Title 18 of the United States Code. 

Date:  12/27/2024 ____________________________________ 

June Ann Munford 

_______________________________________________________________________________________
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Abstract—We propose a novel Channel Quality Indicator
(CQI) calculation scheme in LTE\LTE-A systems. SNR-CQI
mapping scheme, as well as SINR-CQI mapping scheme, is
extensively studied in previous works. However, these kinds
of CQI mapping schemes always provide imprecise results in
fading channels, since all of them ignore the channel quality
degeneration caused by other factors. In this paper, we further
improve CQI calculation by considering the impact of multipath
delay spread. The calculation scheme is presented in details. In
order to guarantee the converge of CQI calculation, a Block
Error Ratio (BLER) based converge algorithm is proposed.
Simulations show that our calculation scheme can select CQIs
more precisely, and achieve better throughput performance than
traditional schemes. Furthermore, our scheme converges much
faster than previous schemes.

Index Terms—CQI calculation, feedback, LTE\LTE-A.

I. INTRODUCTION

With the increasing demand of Quality of Service (QoS) in

wireless communication system, more aggressive techniques

are employed to improve the frequency and time efficien-

cy. Adaptive Modulation and Coding(AMC) is one of the

techniques that are applied in real systems to increase the

throughput. By adaptively selecting the appropriate modulation

order and coding rate, AMC can provide a much better system

performance than fixed modulation and coding schemes. In

order to conduct AMC operation in LTE\LTE-A systems (see

[1], [2], [3]), Channel Quality Indicators (CQIs) need to be fed

back by User Equipments (UEs) or Mobile Stations (MSs).

The calculation algorithms of CQI are numerous. Most of

the previous works utilize the SNR-CQI mapping to determine

CQIs. In [4], the SNR-CQI mapping is designed offline. Each

UE estimates the channel state information (CSI), then extracts

channel SNR and applies SNR-CQI mapping to determine

CQIs. In this kind of CQI calculation algorithm, SNR is the

only reference for CQI selection.

Based on SNR-CQI mapping algorithm, lots of enhanced

schemes have been proposed. In [5], the author considers

the CQI feedback in MU-MIMO systems. It is proposed that

SINR-CQI mapping should be adapted instead of SNR-CQI

mapping, since user interferences become a major challenge

of channel quality. In [6], the authors propose a leakage-based

precoding algorithm, so as to compute a more reliable CQI

and minimize user interference. As a result, the computing

algorithm of CQI is based on a SLNR-CQI mapping.

Unfortunately, all the above mappings are calculated in

some fixed channel models (for examples, AWGN and

Rayleigh channels). In different channel models, SNR-CQI

mapping (as well as SINR-CQI and SLNR-CQI mappings)

is different when comparing with itself. Consequently, all the

above mappings are not perfectly suitable in realistic scenarios.

A solution based on SNR conversion is proposed in [7]. The

authors derive the conversion criterions to convert SNRs of

other channel models into that of AWGN channel. Then CQIs

of other channel models can be obtained by substituting the

converted SNRs into AWGN channel’s SNR-CQI mapping.

However, channel quality is not only decided by the quality

of signal power. In [8], the authors present three kinds of

factors that will cause CQI errors. Among them, mobility of

UEs may be the most serious one. The impact of mobility in

channel quality reflects on the size of multipath delay spread.

The larger the spread is, the larger the transmission delay is,

and the worst the channel quality becomes.

In order to deal with the CQI errors caused by multipath

delay spread, we propose a novel CQI calculation algorithm:

SNR&Delay-CQI mapping. This algorithm jointly utilizes

SNR and maximum multipath delay spread (denoted as De-
lay) of instantaneous channel state, to achieve a much more

precise CQI under fading channels. Moreover, we embed this

SNR&Delay-CQI mapping into a BLER-based CQI converge

algorithm, with the purpose of minimizing the impact of

channel estimation errors. It is worth noticing that our scheme

can be extended to large scale wireless networks [9] [10] [11]

[12].

The rest of the paper is organized as followed. Section II

provides a brief discussion on limitations of SNR-CQI map-

ping. Our SNR&Delay-CQI mapping is presented in details

in Section III. Section IV describes the BLER-based CQI

converge algorithm. Simulations can be seen in Section V.

And we conclude the paper in Section VI.

II. SNR-CQI MAPPING AND ITS LIMITATION

In LTE\LTE-A system, UEs select CQIs according to the

results of channel estimation. Actually, each CQI in LTE\LTE-

A system is a pair of modulation order and coding rate. The

detailed definition of CQI, as well as the mapping from CQI

to each modulation order and coding rate pair, can be found

in [3]. Each UE tries to find an optimal pair of modulation

978-1-4577-1010-0/11/$26.00 ©2011 IEEE
Authorized licensed use limited to: June Munford. Downloaded on December 23,2024 at 19:05:48 UTC from IEEE Xplore.  Restrictions apply. 



Fig. 1. SNR-CQI mapping generation in AWGN channel

order and coding rate, which provides the largest throughput

when the BLER is less than 10 percent.

However, this process always costs too many computing

resources for UEs. Therefore, simplifications of this optimiz-

ing process need to be adopted. Measurements and simulations

should be conducted previously, so as to determine the optimal

CQIs under different CSI conditions. After that, a CSI-CQI

function or mapping is derived by a fitting of data. In this

sense, UEs can obtain the feedback CQIs timely, as long as

the channel estimations are finished.

Based on this idea, SNR-CQI mapping is proposed by

many previous works. A common way to obtain a SNR-CQI

mapping consists of three steps.

• In the first step, a BS employs CQI one by one in trans-

mission. An active UE receives signals, then measures

the SNR-BLER curve for each CQI, respectively. The UE

preserves a group of SNR-BLER curves, each of which

corresponds to a CQI.

• In the second step, UE selects the SNR value correspond-

ing to BLER= 10% in each curve. Note that each curve

corresponds to a CQI.

• In the third step, UE utilizes the SNR values selected in

the second step, as well as the corresponding CQIs, to fit

the desired SNR-CQI mapping.

An example of SNR-CQI mapping generation is showed in

Fig. 1.

However, SNR is not the only parameter to determine a

channel’s quality. A SNR-CQI mapping in one channel model

may fail to maintain a good performance in another. Fig.

2 presents the SNR-CQI mappings in some classic channel

models. All the channel models are based on the measurements

in realistic scenarios by 3GPP [3].

It is clear in Fig. 2 that one SNR value may correspond

to different CQIs in different channel models. Such a dif-

ference is brought by a channel quality variation, which is

a consequence of the variation of channel parameters other

than SNR. Moreover, the SNR-CQI mappings plotted in Fig.2

are achieved with the priori knowledge of channel models. In

real systems, it is almost impossible to estimate the channel

models in UEs. As a result, SNR-CQI mapping is incapable

of achieving accurate CQI values.

Fig. 2. SNR-CQI mappings in different channels

III. SNR&DELAY-CQI MAPPING

A. Certification for the Use of Multipath Delay Spread

Expect of SNR, multipath delay spread (denote as Delay
for short) is another critical parameter in determining channel

quality. Multipath delay spread is a measure of the multipath

richness of a channel. It can be interpreted as the difference

between the time of arrival of the first significant multipath

component and the time of arrival of the last multipath com-

ponent. In other words, it is the maximal delay of multipath

transmissions.With the increase of Delay, more and more CQIs

can not be adapted in transmissions even when SNR is high

enough. Fig. 3 gives an illustration of invalid CQIs when Delay
increases.

Fig. 3. Illustration of invalid CQIs when Delay increases. The left one
presents the SNR-BLER curves for Delay= 500ns, and the right one stands
for Delay= 20000ns

It can be seen from Fig. 3 that, when Delay is 500ns, all

the 15 CQIs1 can be used if SNR is large enough.2 However,

when Delay increases to 20000ns, only 10 CQIs can be used

even maximum SNR is provided.

From the above analysis, we can conclude that multipath

delay spread should be consider carefully in CQI calculation

schemes.

B. Generation of SNR&Delay-CQI Mapping

In real systems, such as LTE\LTE-A systems and HSD-

PA systems, there are too many factors affecting the sys-

tem BLER. In order to obtain a SNR&Delay-CQI mapping,

1Number of CQIs that are employed in LTE\LTE-A system is 15
2In real system, a SNR of 30dB is almost the largest SNR that can be

achieved in optimal conditions. Correspondingly, we use 30dB as the upper
value of SNR in this paper.

Authorized licensed use limited to: June Munford. Downloaded on December 23,2024 at 19:05:48 UTC from IEEE Xplore.  Restrictions apply. 



empirical formula should be achieved by simulations and

measurements. In our work, we employ a link-level simulation

platform3, which contains all the functions of LTE downlink

transmissions, such as Turbo coding, linear MIMO decoding,

channel estimation, AMC, etc. With the help of this platform,

we adopt the following algorithm to obtain the SNR&Delay-

CQI mapping in fading channels.

Algorithm 1 Generation of SNR&Delay-CQI Mapping

1. Set current Delay value D equals 0. Set measurement step

of Delay as Δd.

2. Set current Delay value as D+Δd, obtain the power delay

profile of the corresponding channel [13].

3. Proceed transmissions in the channel generated in step 2,

and obtain a SNR-CQI mapping as described in Section II.

4. If current Delay value is larger than the max value of Delay
in measurement process, go to step 5. Otherwise, repeat

step 2 and step 3.

5. Obtain a group of SNR-CQI mappings corresponding to

different Delay values, and fit these mappings into a 3-

dimension function:

CQI = F (SNR,Delay)

6. Output F .

C. A Simplified but Effective SNR&Delay-CQI Mapping
The process of calculating a 3-dimension function CQI =

F (SNR,Delay) by Algorithm 1 is complex. And the storage

of such a function is relatively large in mobile devices.

Here we present a simplified scheme, which changes the 3-

dimension function CQI = F (SNR,Delay) into a piecewise

function. We will prove the effectiveness of such a simplified

scheme in Section V. The cut-off points of the piecewise

function in Delay axis defined as followed:
Definition 1: (CQI i’s cut-off point) The Delay cut-off

point of CQI i represents the maximal multipath delay spread,

under which the corresponding BLER is within system’s limit

while the largest SNR condition is provided.
In other words, the increase of multipath delay spread will

cause a decrease of the available CQIs, since channel quality

drops largely and can no long sustain high level modulations or

coding rates. The turning points of available CQIs in multipath

delay spread axis are defined as the cut-off points. A multipath

delay spread that is larger than the cut-off point of CQI i will

result in a large BLER by CQI(s) larger than i. A graphical

illustration of cut-off points is presented in Fig. 4.
We propose to use the following cut-off points in LTE\LTE-

A systems.

Qmax =

⎧⎪⎪⎪⎪⎨
⎪⎪⎪⎪⎩

15 D ≥ 400ns (D15)
14 400ns < D ≤ 9500ns (D14)
13 9500ns < D ≤ 12500ns (D13)
12 12500ns < D ≤ 14800ns (D12)
11 14800ns < D ≤ 18000ns (D11)

(1)

3This simulation platform is developed by IWCT, Shanghai Jiao Tong
University.

Fig. 4. A graphical interpretation of cut-off points and their meanings. A
cut-off point is the maximal multipath delay spread that a certain CQI can be
used with an optimal SNR condition.

where Qmax is the maximal CQI that can be used within two

Delay cut-off points, and D denotes the Delay. D15 to D11

denote corresponding Delay range for short.

The corresponding piecewise function for SNR&Delay-CQI

mapping is:

Q =

⎧⎪⎨
⎪⎩

min(�0.513S − 0.215�, 15) D ∈ D15

min(�0.431S + 2.148�, 14) D ∈ D14

min(�0.402S + 2.152�, 13) D ∈ D13

min(�−0.004S2 + 0.513S + 1.74�, 12) D ∈ D12

min(�−0.007S2 + 0.527S + 1.77�, 11) D ∈ D11

(2)

where Q represents the selected CQI, �·� denotes the rounding-

down calculation, and S is the channel SNR.

It is worth pointing out that although the above results are

achieved based on the simulations, they can be applied in most

of the scenarios in LTE systems. First of all, all the simulations

are conducted under typical LTE/LTE-A scenarios. Secondly,

any CSI-CQI mapping is a rough estimation, which can be

refined by the following converge algorithm. Moreover, the

above scheme can be reapplied in other scenarios or systems

with similar simulations and measurements.

IV. BLER-BASED CQI CONVERGE ALGORITHM

There are multiple factors that will decrease the perfor-

mance of SNR&Delay-CQI mapping described in Section

III. The accuracy of CQI calculation will be disturbed by

the times and granularity of measurement, as well as the

selection of simulation channels. As a result, UEs may select

inappropriate CQIs over and over again. In order to guarantee

a relatively good accuracy of CQI calculation, a BLER-

based CQI converge algorithm is proposed. The SNR&Delay-

CQI mapping is nested inside the body of BLER-based CQI

converge algorithm. Every selected CQI will be re-evaluated

by BLER-based CQI converge algorithm, so as to maintain a

BLER that fits the system’s requirement.

If channel quality decreases, the feedback CQI should

decrease, or at least remain the same. Therefore, we employ

a CQI-decreasing function to make sure that feedback CQIs

converge. The cut-off points decreased in (1) are used in
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such a function. The CQI-decreasing function is presented as

followed.

Qconv = Qpre −ΔQ (3)

and

ΔQ =⎧⎪⎨
⎪⎩

�18.69β − 18.22Δβ� D ∈ D15

�13.38β − 14.31Δβ� D ∈ D14

�−93.55β2 + 110.41β − 35.23Δβ� D ∈ D13

�−123.67β2 + 146.63β − 45.54Δβ + 0.32� D ∈ D12

�−0.52β2 + 35.59β − 34.64Δβ − 0.1 D ∈ D11

(4)

where Qconv denotes the converged CQI, Qpre is the CQI fed

back in previous period, ΔQ denotes the decreasing value to

obtain a converged CQI value, β represents current BLER,

and Δβ is the substraction between BLER in the last period

and BLER in the current period.

Based on the above function, the BLER-based CQI converge

algorithm is presented in Algorithm 2.

Algorithm 2 BLER-based CQI Converge Algorithm

Input: Feedback CQI Qpre, BLER β, SNR Spre and Delay
Dpre in the last transmission period, system threshold of

BLER δ, current SNR S and Delay D.

Output: Refined CQI Q.

1. Initiate two intermediate variables Q1 = Q2 = 15.

2. If β ≤ δ, go to step 5. Otherwise, go to step 3.

3. If S > Spre and D < Dpre, go to step 5. Otherwise, go to

step 4.

4. Calculate converged CQI by equation(3), and save it in Q1.

5. Calculate mapping CQI by equation(2), and save it in Q2

6. Output Q = min(Q1, Q2).

By employing Algorithm 2, a refined CQI that can guarantee

a BLER under system’s threshold can be achieved convenient-

ly.

V. SIMULATIONS AND DISCUSSIONS

In this section, we provide some simulation results to

verify our SNR&Delay-CQI mapping and BLER-based CQI

converge algorithm. In our simulations, we assume that the

initial CQI in simulations is 15, so as to illustrate the converge

process of CQIs. Channel models in [13] are adopted.

We denote our scheme as Scheme 1, which utilizes both

SNR&Delay-CQI mapping and BLER-based CQI converge

algorithm. The SNR-CQI mapping scheme proposed in [4],

[7], etc, can not guarantee a converge on feedback CQIs.

Therefore, we combine the SNR-CQI mapping and our BLER-

based CQI converge algorithm to form Scheme 2. Scheme 3

represents the scheme that only employs a traditional dichoto-

mous BLER-based CQI converge algorithm [1].

A. Comparison of CQI Converge Time

In order to compare the converge time for each scheme, we

assume that the channels remain unchanged during simulation

time. This setting is reasonable in slow fading channels.

However, the simulation results can still provide a certification

Fig. 5. Comparison of converge time in PedB channel

in fast fading channels (We will discuss in the following

paragraphs).

Fig. 5 shows the comparison of CQI converge time in PedB
channel [13]. PedB channel is a channel model characterizing

the channel of pedestrians. The speed of mobile UEs is

relatively small.

It is demonstrated in Fig. 5 that our scheme can converge

at the final CQI with only 1 feedback period. Recall that we

set the initial CQI as 15 in simulations, a converge period

of 1 indicates that our scheme always selects a converged

CQI in each feedback period. Other schemes consume up to

4 feedback periods to obtain a converged CQI. This means

that other schemes require several feedback periods of inter-

action to finish CQI selection. This further illustrates that the

scheduling overhead of our scheme is much less than that of

the other two. Moreover, if the variation of channel is fast, our

scheme can provide a real-time CQI calculation, while other

schemes fail to catch up with the channel’s variation.

Fig. 6 shows the comparison of CQI converge time in VehB
channel [13]. VehB channel is a channel model characterizing

the channel of vehicles. The multipath delay spread is much

larger than that of PedB channel.

Fig. 6. Comparison of converge time in VehB channel

It can be seen that, with the increase of multipath delay

spread, the channel quality decreases largely. As a result,

it takes 2 feedback period for our scheme to calculate a

converged CQI. The decrease in performance of our scheme

is a consequence of more complex channel conditions in

channels with large multipath delay spread. This only happens

in the communications of high speed users (such as users in

highways or subways). Although our scheme consumes more
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feedback periods in VehB channel than in PedB channel, it still

outperforms the other two schemes.

B. Comparison of Throughput

When comparing the throughput of the three schemes, we

adopt the same assumption described in the beginning of

Section V-A. The simulated SNR values are 5dB, 15dB and

25dB.

Fig. 7 presents the comparison of average throughput in

PedB channel.

Fig. 7. Comparison of average throughput in PedB

Recall the assumption that initial CQI equals 15, the re-

sulting throughput in the first transmission period (before a

new CQI is fed back to BS) is almost zero, since the channel

quality is far too poor to sustain the high modulation order

and coding rate denoted by CQI 15. Consequently, the curves

of average throughput starts from zero. However, it is still

obvious from Fig. 7 that our scheme can always achieve a

better throughput performance than other schemes. Moreover,

our scheme reaches to the ultimate throughput much more

quickly, which indicates that our scheme calculates CQIs more

accurately and rapidly.

Fig. 8 shows the comparison of average throughput in

VehB channel. It presents an interesting phenomenon: the

achievable throughput (after a certain feedback periods) by

different schemes are different. Our scheme provides the

largest achievable throughput. It is well-known that downlink

throughput in an AMC system is directly determined by the

accuracy of CQI calculation. This phenomenon indicates that

our scheme can select the optimal CQI, while other schemes

only converge to a sub-optimal CQI. Hence, other schemes

can not achieve the optimal throughput as our scheme.

VI. CONCLUSION

In this paper, we propose a novel CQI calculation scheme

based on channel estimation. Unlike schemes proposed in

previous works, our scheme not only considers the effect of

SNR, but also takes multipath delay spread into account. A

SNR&Delay-CQI mapping algorithm is designed to imple-

ment this idea. Furthermore, we nests this algorithm into a

BLER-based CQI converge algorithm, so as to guarantee the

Fig. 8. Comparison of average throughput in VehB

converge of CQI calculation. Simulation results show that our

scheme can select CQIs much more precisely and rapidly

than previous schemes. Moreover, systems implementing our

scheme can achieve a better average throughput. The design

is based on LTE/LTE-A systems, but it can be applied directly

on other systems.

VII. ACKNOWLEDGMENT

This work is partially sponsored by China National

Science and Technology Major Project ”New generation

broadband wireless mobile communication networks”, NO.

2011ZX03001-002-01.

REFERENCES

[1] 3GPP, “Evolved universal terrestrial radio access (E-UTRA); physical
channels and modulation,” 3GPP, TS 36211-890, 2011.

[2] ——, “Evolved universal terrestrial radio access (E-UTRA); multiplex-
ing and channel coding,” 3GPP, TS 36212-890, 2011.

[3] ——, “Evolved universal terrestrial radio access (E-UTRA); physical
layer procedures”,” 3GPP, TS 36213-890, 2011.

[4] C.Mehlfhrer, M.Wrulich, J.Ikuno, D.Bosanska, and M.Rupp, “Simulat-
ing the long term evolution physical layer,” in 17th European Signal
Processing Conference, Glasgow, Scotland, 2009.

[5] M. Cho, “A novel CQI feedback and user allocation scheme for
PU2RC/OFDMA systems in correlated MIMO channels,” in WTS 2010,
Tampa, Florida, USA, 2010.

[6] M. Sadek and S. Aı̈ssa, “Joint optimization of CQI calculation and
interference mitigation for user scheduling in MIMO-OFDM systems,”
in IEEE VTC 2011 Spring, Budapest, Hungary, 2011.

[7] K.Brueninghaus, D.Astdlyt, S. T.Silzert, A.Alexiou, S.Karger, and
G.Seraji, “Link performance models for system level simulations of
broadband radio access systems,” in IEEE PIMRC 2005, Berlin, Ger-
many, 2005.

[8] C.-H. Yu, A. Hellsten, and O. Tirkkonen, “Rate adaptation of AMC-
HARQ systems with CQI errors,” in IEEE VTC 2010 Spring, Taipei,
Taiwan, China, 2010.

[9] C. Hu, X. Wang, and F. Wu, “Motioncast: On the capacity and delay
tradeoffs,” in ACM MobiHoc 2009, New Orleans, US, 2009.

[10] X. Wang, W. Huang, S. Wang, J. Zhang, and C. Hu, “Delay and
capacity tradeoff analysis for motioncast,” IEEE/ACM Transactions on
Networking, no. 99, 2011, DOI: 10.1109/TNET.2011.2109042.

[11] W. Huang and X. Wang, “Throughput and delay scaling of general
cognitive networks,” in IEEE INFOCOM 2011, Shanghai, China, 2011.

[12] X. Wang, Y. Bei, Q. Peng, and L. Fu, “Speed improves delay-capacity
tradeoff in motioncast,” IEEE Transactions on Parallel and Distributed
Systems, no. 99, pp. 729 – 742, 2011.

[13] 3GPP, “Evolved universal terrestrial radio access (E-UTRA); physical
layer measurements”,” 3GPP, TS 36213-890, 2011.

Authorized licensed use limited to: June Munford. Downloaded on December 23,2024 at 19:05:48 UTC from IEEE Xplore.  Restrictions apply. 



















A Novel CQI Calculation Scheme in LTE\LTE-A
Systems

Xi Chen, Haike Yi, Hanwen Luo and Hui Yu
Department of Electronic Engineering

Shanghai Jiao Tong University, China

Email: {qfbzcx, yihaike, hwluo, yuhui}@sjtu.edu.cn

Hailong Wang
State Key Laboratory of Wireless Communications

\Leadcore Technology Co.,Ltd, China

Email: wanghailong@leadcoretech.com

Abstract—We propose a novel Channel Quality Indicator
(CQI) calculation scheme in LTE\LTE-A systems. SNR-CQI
mapping scheme, as well as SINR-CQI mapping scheme, is
extensively studied in previous works. However, these kinds
of CQI mapping schemes always provide imprecise results in
fading channels, since all of them ignore the channel quality
degeneration caused by other factors. In this paper, we further
improve CQI calculation by considering the impact of multipath
delay spread. The calculation scheme is presented in details. In
order to guarantee the converge of CQI calculation, a Block
Error Ratio (BLER) based converge algorithm is proposed.
Simulations show that our calculation scheme can select CQIs
more precisely, and achieve better throughput performance than
traditional schemes. Furthermore, our scheme converges much
faster than previous schemes.

Index Terms—CQI calculation, feedback, LTE\LTE-A.

I. INTRODUCTION

With the increasing demand of Quality of Service (QoS) in

wireless communication system, more aggressive techniques

are employed to improve the frequency and time efficien-

cy. Adaptive Modulation and Coding(AMC) is one of the

techniques that are applied in real systems to increase the

throughput. By adaptively selecting the appropriate modulation

order and coding rate, AMC can provide a much better system

performance than fixed modulation and coding schemes. In

order to conduct AMC operation in LTE\LTE-A systems (see

[1], [2], [3]), Channel Quality Indicators (CQIs) need to be fed

back by User Equipments (UEs) or Mobile Stations (MSs).

The calculation algorithms of CQI are numerous. Most of

the previous works utilize the SNR-CQI mapping to determine

CQIs. In [4], the SNR-CQI mapping is designed offline. Each

UE estimates the channel state information (CSI), then extracts

channel SNR and applies SNR-CQI mapping to determine

CQIs. In this kind of CQI calculation algorithm, SNR is the

only reference for CQI selection.

Based on SNR-CQI mapping algorithm, lots of enhanced

schemes have been proposed. In [5], the author considers

the CQI feedback in MU-MIMO systems. It is proposed that

SINR-CQI mapping should be adapted instead of SNR-CQI

mapping, since user interferences become a major challenge

of channel quality. In [6], the authors propose a leakage-based

precoding algorithm, so as to compute a more reliable CQI

and minimize user interference. As a result, the computing

algorithm of CQI is based on a SLNR-CQI mapping.

Unfortunately, all the above mappings are calculated in

some fixed channel models (for examples, AWGN and

Rayleigh channels). In different channel models, SNR-CQI

mapping (as well as SINR-CQI and SLNR-CQI mappings)

is different when comparing with itself. Consequently, all the

above mappings are not perfectly suitable in realistic scenarios.

A solution based on SNR conversion is proposed in [7]. The

authors derive the conversion criterions to convert SNRs of

other channel models into that of AWGN channel. Then CQIs

of other channel models can be obtained by substituting the

converted SNRs into AWGN channel’s SNR-CQI mapping.

However, channel quality is not only decided by the quality

of signal power. In [8], the authors present three kinds of

factors that will cause CQI errors. Among them, mobility of

UEs may be the most serious one. The impact of mobility in

channel quality reflects on the size of multipath delay spread.

The larger the spread is, the larger the transmission delay is,

and the worst the channel quality becomes.

In order to deal with the CQI errors caused by multipath

delay spread, we propose a novel CQI calculation algorithm:

SNR&Delay-CQI mapping. This algorithm jointly utilizes

SNR and maximum multipath delay spread (denoted as De-
lay) of instantaneous channel state, to achieve a much more

precise CQI under fading channels. Moreover, we embed this

SNR&Delay-CQI mapping into a BLER-based CQI converge

algorithm, with the purpose of minimizing the impact of

channel estimation errors. It is worth noticing that our scheme

can be extended to large scale wireless networks [9] [10] [11]

[12].

The rest of the paper is organized as followed. Section II

provides a brief discussion on limitations of SNR-CQI map-

ping. Our SNR&Delay-CQI mapping is presented in details

in Section III. Section IV describes the BLER-based CQI

converge algorithm. Simulations can be seen in Section V.

And we conclude the paper in Section VI.

II. SNR-CQI MAPPING AND ITS LIMITATION

In LTE\LTE-A system, UEs select CQIs according to the

results of channel estimation. Actually, each CQI in LTE\LTE-

A system is a pair of modulation order and coding rate. The

detailed definition of CQI, as well as the mapping from CQI

to each modulation order and coding rate pair, can be found

in [3]. Each UE tries to find an optimal pair of modulation

978-1-4577-1010-0/11/$26.00 ©2011 IEEE
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Fig. 1. SNR-CQI mapping generation in AWGN channel

order and coding rate, which provides the largest throughput

when the BLER is less than 10 percent.

However, this process always costs too many computing

resources for UEs. Therefore, simplifications of this optimiz-

ing process need to be adopted. Measurements and simulations

should be conducted previously, so as to determine the optimal

CQIs under different CSI conditions. After that, a CSI-CQI

function or mapping is derived by a fitting of data. In this

sense, UEs can obtain the feedback CQIs timely, as long as

the channel estimations are finished.

Based on this idea, SNR-CQI mapping is proposed by

many previous works. A common way to obtain a SNR-CQI

mapping consists of three steps.

• In the first step, a BS employs CQI one by one in trans-

mission. An active UE receives signals, then measures

the SNR-BLER curve for each CQI, respectively. The UE

preserves a group of SNR-BLER curves, each of which

corresponds to a CQI.

• In the second step, UE selects the SNR value correspond-

ing to BLER= 10% in each curve. Note that each curve

corresponds to a CQI.

• In the third step, UE utilizes the SNR values selected in

the second step, as well as the corresponding CQIs, to fit

the desired SNR-CQI mapping.

An example of SNR-CQI mapping generation is showed in

Fig. 1.

However, SNR is not the only parameter to determine a

channel’s quality. A SNR-CQI mapping in one channel model

may fail to maintain a good performance in another. Fig.

2 presents the SNR-CQI mappings in some classic channel

models. All the channel models are based on the measurements

in realistic scenarios by 3GPP [3].

It is clear in Fig. 2 that one SNR value may correspond

to different CQIs in different channel models. Such a dif-

ference is brought by a channel quality variation, which is

a consequence of the variation of channel parameters other

than SNR. Moreover, the SNR-CQI mappings plotted in Fig.2

are achieved with the priori knowledge of channel models. In

real systems, it is almost impossible to estimate the channel

models in UEs. As a result, SNR-CQI mapping is incapable

of achieving accurate CQI values.

Fig. 2. SNR-CQI mappings in different channels

III. SNR&DELAY-CQI MAPPING

A. Certification for the Use of Multipath Delay Spread

Expect of SNR, multipath delay spread (denote as Delay
for short) is another critical parameter in determining channel

quality. Multipath delay spread is a measure of the multipath

richness of a channel. It can be interpreted as the difference

between the time of arrival of the first significant multipath

component and the time of arrival of the last multipath com-

ponent. In other words, it is the maximal delay of multipath

transmissions.With the increase of Delay, more and more CQIs

can not be adapted in transmissions even when SNR is high

enough. Fig. 3 gives an illustration of invalid CQIs when Delay
increases.

Fig. 3. Illustration of invalid CQIs when Delay increases. The left one
presents the SNR-BLER curves for Delay= 500ns, and the right one stands
for Delay= 20000ns

It can be seen from Fig. 3 that, when Delay is 500ns, all

the 15 CQIs1 can be used if SNR is large enough.2 However,

when Delay increases to 20000ns, only 10 CQIs can be used

even maximum SNR is provided.

From the above analysis, we can conclude that multipath

delay spread should be consider carefully in CQI calculation

schemes.

B. Generation of SNR&Delay-CQI Mapping

In real systems, such as LTE\LTE-A systems and HSD-

PA systems, there are too many factors affecting the sys-

tem BLER. In order to obtain a SNR&Delay-CQI mapping,

1Number of CQIs that are employed in LTE\LTE-A system is 15
2In real system, a SNR of 30dB is almost the largest SNR that can be

achieved in optimal conditions. Correspondingly, we use 30dB as the upper
value of SNR in this paper.
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empirical formula should be achieved by simulations and

measurements. In our work, we employ a link-level simulation

platform3, which contains all the functions of LTE downlink

transmissions, such as Turbo coding, linear MIMO decoding,

channel estimation, AMC, etc. With the help of this platform,

we adopt the following algorithm to obtain the SNR&Delay-

CQI mapping in fading channels.

Algorithm 1 Generation of SNR&Delay-CQI Mapping

1. Set current Delay value D equals 0. Set measurement step

of Delay as Δd.

2. Set current Delay value as D+Δd, obtain the power delay

profile of the corresponding channel [13].

3. Proceed transmissions in the channel generated in step 2,

and obtain a SNR-CQI mapping as described in Section II.

4. If current Delay value is larger than the max value of Delay
in measurement process, go to step 5. Otherwise, repeat

step 2 and step 3.

5. Obtain a group of SNR-CQI mappings corresponding to

different Delay values, and fit these mappings into a 3-

dimension function:

CQI = F (SNR,Delay)

6. Output F .

C. A Simplified but Effective SNR&Delay-CQI Mapping
The process of calculating a 3-dimension function CQI =

F (SNR,Delay) by Algorithm 1 is complex. And the storage

of such a function is relatively large in mobile devices.

Here we present a simplified scheme, which changes the 3-

dimension function CQI = F (SNR,Delay) into a piecewise

function. We will prove the effectiveness of such a simplified

scheme in Section V. The cut-off points of the piecewise

function in Delay axis defined as followed:
Definition 1: (CQI i’s cut-off point) The Delay cut-off

point of CQI i represents the maximal multipath delay spread,

under which the corresponding BLER is within system’s limit

while the largest SNR condition is provided.
In other words, the increase of multipath delay spread will

cause a decrease of the available CQIs, since channel quality

drops largely and can no long sustain high level modulations or

coding rates. The turning points of available CQIs in multipath

delay spread axis are defined as the cut-off points. A multipath

delay spread that is larger than the cut-off point of CQI i will

result in a large BLER by CQI(s) larger than i. A graphical

illustration of cut-off points is presented in Fig. 4.
We propose to use the following cut-off points in LTE\LTE-

A systems.

Qmax =

⎧⎪⎪⎪⎪⎨
⎪⎪⎪⎪⎩

15 D ≥ 400ns (D15)
14 400ns < D ≤ 9500ns (D14)
13 9500ns < D ≤ 12500ns (D13)
12 12500ns < D ≤ 14800ns (D12)
11 14800ns < D ≤ 18000ns (D11)

(1)

3This simulation platform is developed by IWCT, Shanghai Jiao Tong
University.

Fig. 4. A graphical interpretation of cut-off points and their meanings. A
cut-off point is the maximal multipath delay spread that a certain CQI can be
used with an optimal SNR condition.

where Qmax is the maximal CQI that can be used within two

Delay cut-off points, and D denotes the Delay. D15 to D11

denote corresponding Delay range for short.

The corresponding piecewise function for SNR&Delay-CQI

mapping is:

Q =

⎧⎪⎨
⎪⎩

min(�0.513S − 0.215�, 15) D ∈ D15

min(�0.431S + 2.148�, 14) D ∈ D14

min(�0.402S + 2.152�, 13) D ∈ D13

min(�−0.004S2 + 0.513S + 1.74�, 12) D ∈ D12

min(�−0.007S2 + 0.527S + 1.77�, 11) D ∈ D11

(2)

where Q represents the selected CQI, �·� denotes the rounding-

down calculation, and S is the channel SNR.

It is worth pointing out that although the above results are

achieved based on the simulations, they can be applied in most

of the scenarios in LTE systems. First of all, all the simulations

are conducted under typical LTE/LTE-A scenarios. Secondly,

any CSI-CQI mapping is a rough estimation, which can be

refined by the following converge algorithm. Moreover, the

above scheme can be reapplied in other scenarios or systems

with similar simulations and measurements.

IV. BLER-BASED CQI CONVERGE ALGORITHM

There are multiple factors that will decrease the perfor-

mance of SNR&Delay-CQI mapping described in Section

III. The accuracy of CQI calculation will be disturbed by

the times and granularity of measurement, as well as the

selection of simulation channels. As a result, UEs may select

inappropriate CQIs over and over again. In order to guarantee

a relatively good accuracy of CQI calculation, a BLER-

based CQI converge algorithm is proposed. The SNR&Delay-

CQI mapping is nested inside the body of BLER-based CQI

converge algorithm. Every selected CQI will be re-evaluated

by BLER-based CQI converge algorithm, so as to maintain a

BLER that fits the system’s requirement.

If channel quality decreases, the feedback CQI should

decrease, or at least remain the same. Therefore, we employ

a CQI-decreasing function to make sure that feedback CQIs

converge. The cut-off points decreased in (1) are used in
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such a function. The CQI-decreasing function is presented as

followed.

Qconv = Qpre −ΔQ (3)

and

ΔQ =⎧⎪⎨
⎪⎩

�18.69β − 18.22Δβ� D ∈ D15

�13.38β − 14.31Δβ� D ∈ D14

�−93.55β2 + 110.41β − 35.23Δβ� D ∈ D13

�−123.67β2 + 146.63β − 45.54Δβ + 0.32� D ∈ D12

�−0.52β2 + 35.59β − 34.64Δβ − 0.1 D ∈ D11

(4)

where Qconv denotes the converged CQI, Qpre is the CQI fed

back in previous period, ΔQ denotes the decreasing value to

obtain a converged CQI value, β represents current BLER,

and Δβ is the substraction between BLER in the last period

and BLER in the current period.

Based on the above function, the BLER-based CQI converge

algorithm is presented in Algorithm 2.

Algorithm 2 BLER-based CQI Converge Algorithm

Input: Feedback CQI Qpre, BLER β, SNR Spre and Delay
Dpre in the last transmission period, system threshold of

BLER δ, current SNR S and Delay D.

Output: Refined CQI Q.

1. Initiate two intermediate variables Q1 = Q2 = 15.

2. If β ≤ δ, go to step 5. Otherwise, go to step 3.

3. If S > Spre and D < Dpre, go to step 5. Otherwise, go to

step 4.

4. Calculate converged CQI by equation(3), and save it in Q1.

5. Calculate mapping CQI by equation(2), and save it in Q2

6. Output Q = min(Q1, Q2).

By employing Algorithm 2, a refined CQI that can guarantee

a BLER under system’s threshold can be achieved convenient-

ly.

V. SIMULATIONS AND DISCUSSIONS

In this section, we provide some simulation results to

verify our SNR&Delay-CQI mapping and BLER-based CQI

converge algorithm. In our simulations, we assume that the

initial CQI in simulations is 15, so as to illustrate the converge

process of CQIs. Channel models in [13] are adopted.

We denote our scheme as Scheme 1, which utilizes both

SNR&Delay-CQI mapping and BLER-based CQI converge

algorithm. The SNR-CQI mapping scheme proposed in [4],

[7], etc, can not guarantee a converge on feedback CQIs.

Therefore, we combine the SNR-CQI mapping and our BLER-

based CQI converge algorithm to form Scheme 2. Scheme 3

represents the scheme that only employs a traditional dichoto-

mous BLER-based CQI converge algorithm [1].

A. Comparison of CQI Converge Time

In order to compare the converge time for each scheme, we

assume that the channels remain unchanged during simulation

time. This setting is reasonable in slow fading channels.

However, the simulation results can still provide a certification

Fig. 5. Comparison of converge time in PedB channel

in fast fading channels (We will discuss in the following

paragraphs).

Fig. 5 shows the comparison of CQI converge time in PedB
channel [13]. PedB channel is a channel model characterizing

the channel of pedestrians. The speed of mobile UEs is

relatively small.

It is demonstrated in Fig. 5 that our scheme can converge

at the final CQI with only 1 feedback period. Recall that we

set the initial CQI as 15 in simulations, a converge period

of 1 indicates that our scheme always selects a converged

CQI in each feedback period. Other schemes consume up to

4 feedback periods to obtain a converged CQI. This means

that other schemes require several feedback periods of inter-

action to finish CQI selection. This further illustrates that the

scheduling overhead of our scheme is much less than that of

the other two. Moreover, if the variation of channel is fast, our

scheme can provide a real-time CQI calculation, while other

schemes fail to catch up with the channel’s variation.

Fig. 6 shows the comparison of CQI converge time in VehB
channel [13]. VehB channel is a channel model characterizing

the channel of vehicles. The multipath delay spread is much

larger than that of PedB channel.

Fig. 6. Comparison of converge time in VehB channel

It can be seen that, with the increase of multipath delay

spread, the channel quality decreases largely. As a result,

it takes 2 feedback period for our scheme to calculate a

converged CQI. The decrease in performance of our scheme

is a consequence of more complex channel conditions in

channels with large multipath delay spread. This only happens

in the communications of high speed users (such as users in

highways or subways). Although our scheme consumes more
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feedback periods in VehB channel than in PedB channel, it still

outperforms the other two schemes.

B. Comparison of Throughput

When comparing the throughput of the three schemes, we

adopt the same assumption described in the beginning of

Section V-A. The simulated SNR values are 5dB, 15dB and

25dB.

Fig. 7 presents the comparison of average throughput in

PedB channel.

Fig. 7. Comparison of average throughput in PedB

Recall the assumption that initial CQI equals 15, the re-

sulting throughput in the first transmission period (before a

new CQI is fed back to BS) is almost zero, since the channel

quality is far too poor to sustain the high modulation order

and coding rate denoted by CQI 15. Consequently, the curves

of average throughput starts from zero. However, it is still

obvious from Fig. 7 that our scheme can always achieve a

better throughput performance than other schemes. Moreover,

our scheme reaches to the ultimate throughput much more

quickly, which indicates that our scheme calculates CQIs more

accurately and rapidly.

Fig. 8 shows the comparison of average throughput in

VehB channel. It presents an interesting phenomenon: the

achievable throughput (after a certain feedback periods) by

different schemes are different. Our scheme provides the

largest achievable throughput. It is well-known that downlink

throughput in an AMC system is directly determined by the

accuracy of CQI calculation. This phenomenon indicates that

our scheme can select the optimal CQI, while other schemes

only converge to a sub-optimal CQI. Hence, other schemes

can not achieve the optimal throughput as our scheme.

VI. CONCLUSION

In this paper, we propose a novel CQI calculation scheme

based on channel estimation. Unlike schemes proposed in

previous works, our scheme not only considers the effect of

SNR, but also takes multipath delay spread into account. A

SNR&Delay-CQI mapping algorithm is designed to imple-

ment this idea. Furthermore, we nests this algorithm into a

BLER-based CQI converge algorithm, so as to guarantee the

Fig. 8. Comparison of average throughput in VehB

converge of CQI calculation. Simulation results show that our

scheme can select CQIs much more precisely and rapidly

than previous schemes. Moreover, systems implementing our

scheme can achieve a better average throughput. The design

is based on LTE/LTE-A systems, but it can be applied directly

on other systems.
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Abstract—LTE is the next generation of all-IP mobile com-
munication system designed and developed by 3GPP. It offers
unprecedented data transmission speed and low latency to sup-
port a variety of applications and services. However, compared to
wireline networks, efficient QoS provisioning for diversified ap-
plications in wireless access networks such as LTE is challenging
due to unreliable and resource-constrained radio interface. In this
paper, we investigate an important problem of downlink resource
allocation in recently enhanced LTE-Advanced systems where a
newly added feature carrier aggregation provides more flexibility
in radio resource management in addition to the existing resource
block level packet scheduling. The resource allocation problem
can be formulated as a complex combinatorial problem with
multiple constraints and is solved every time slot. We decompose
this highly complex optimization problem and construct a two-
tier resource allocation framework which incorporates dynamic
component carrier assignment and backlog based scheduling
schemes with intelligent link adaptation. An efficient algorithm
is developed to dynamically allocate component carriers to users
to achieve load balancing. We also present novel backlog based
scheduling policies and weighted-CQI based link adaptation
scheme to obtain significantly better throughput and delay fair-
ness. Performance of the proposed schemes is evaluated against
the static round-robin component carrier assignment, the well-
known proportional fairness scheduling rule and the existing link
adaptation scheme. Extensive simulation results demonstrate that
our schemes offer both better throughput and delay performance
as well as user fairness.

I. INTRODUCTION

The major attraction of the next generation (4G) wireless

systems such as Third Generation Partnership Project (3GPP)

Long Term Evolution (LTE) is the availability of high data

rate and low end-to-end latency. LTE has been designed and

developed by 3GPP [1] as an all-IP network with simplified

radio access and core network architecture. On air interface,

LTE features OFMDA and MIMO technologies, which signif-

icantly improve the data transmission speed along with lower

latency. LTE can provide a peak rate of 300Mbps, a significant

increase in spectrum efficiency compared to previous cellular

systems. In the core network, an all-IP infrastructure with

support of IMS (IP Multimedia System) facilitates the addition

of a variety of services and applications, including data, voice,

video and location. However, it is challenging to provide the

required level of quality of service (QoS) and maintain the

designed system performance due to the constraints of limited

radio resources, unreliable radio propagation channel, and high

user demands.

Resource allocation and scheduling have been important as-

pects of QoS support in wireless networks, and have attracted

an increasing attention from the research community. Wireless

scheduling has two particular characteristics which distinguish

it from conventional wireline scheduling [2]: (1) The radio

channel is inherently unreliable and error-prone. Also, errors

can be bursty in nature which results into unsuccessful packets

transmissions during the burst. The implication is that a good

scheduling algorithm needs to be adaptive to changing channel

quality. (2) Channel state varies randomly in time on both

slow and fast time scale. In fast channel variations (due to

fast fading), states of different channels can asynchronously

switch from “good” to “bad” within a few milliseconds and

vice-versa. A good scheduling algorithm should exploit this

condition by giving higher preference to a user whose channel

is currently better. Slow channel variations mean that the

average channel state depends on user’s location and other

factors. Therefore some users may have to demand more radio

resources than others even if their data rate requirements are

the same.

In OFDMA based LTE networks, data is transmitted on

a large number of parallel, narrow-band sub-carriers. During

each time slot, multiple users can be allocated a set of sub-

carriers (termed resource blocks in LTE) to enable concurrent

transmissions. Thus efficient scheduling of radio resources is

crucial to achieve high network performance.

In a resource allocation period, each resource block is

associated with different channel quality in terms of SINR

(signal-to-interference and noise ratio), which is sent back on

a feedback channel known as CQI (Channel Quality Indicator)

from mobile terminals. Based on the CQI, appropriate mod-

ulation and coding schemes can be applied to improve the

transmission reliability and rate (known as AMC or adaptive

modulation and coding). In this way, the available channel

rate or the size of transport block on resource blocks can be

determined.

Carrier aggregation introduced in LTE-Advanced (Release

10) [1] is designed to expand the transmission bandwidth by

combining multiple carriers in the same or different bands.

With this new feature, resource allocation module will have

more flexibility when scheduling radio resources for users.

However, different assignments of carriers will have signifi-

cant impact on network performance. For instance, distribut-

ing users across available carriers efficiently is important to

achieve improved network load balancing and higher utiliza-

tion. Carriers on different bands may have diversified channel



characteristics such as path loss patterns and fading variations,

so carrier allocation will be a key part of RF planning.

In this paper, we study the radio resource management

(RRM) problem in LTE-Advanced systems by jointly con-

sidering both carrier aggregation and packet scheduling. The

joint resource allocation is formulated as a complex combi-

natorial problem. We propose efficient algorithms to address

the issues presented in the problem. Specifically, we propose

a dynamic component carrier allocation algorithm which uti-

lizes aggregated head-of-line delay of users associated with

a carrier as the metric. The algorithm focuses on the user

backlog accumulated on a carrier to achieve load balancing

as well as better throughput and delay performance. For the

resource block level allocation, we propose the backlog based

scheduling schemes which are channel-aware and targeted on

reducing user backlog (queue length or head-of-line delay).

The backlog based schemes have been studied from a mostly

theoretical point of view for restricted cases and unrealistic

assumptions on arrival processes and channel characteristics.

Our goal is to study and propose efficient backlog based

scheduling algorithms with realistic settings and scenarios

in LTE networks. The proposed resource allocation schemes

are enhanced using an intelligent link adaptation mechanism

which takes the weighted CQI of all allocated resource blocks

for a user as input and determines the MCS (Modulation and

Coding Scheme) mode. The weighted-CQI based link adapta-

tion helps in achieving correct balance between transmission

rate and error rate.

The rest of the paper is organized as follows. In Section

II, we describe the detailed system model. In Section III, we

formulate the combinatorial optimization problem for down-

link resource allocation. Section IV proposes our dynamic

carrier allocation and backlog based scheduling schemes and

intelligent link adaptation mechanism. Performance of the

proposed schemes is evaluated in Section V. Related work is

discussed in Section VI. Section VII concludes the paper.

II. SYSTEM MODEL

A. LTE Downlink Model

The LTE downlink transmission scheme [3] provides scal-

able bandwidth from 1.4MHz to 20MHz. It is based on

conventional OFDM using a cyclic prefix, with a sub-carrier

spacing �f=15kHz and a cyclic-prefix (CP) duration TCP ≈
4.7/16.7μs (short/long CP). A radio frame is 10ms in dura-

tion, and divided into 10 equally sized sub-frames (each being

1ms long). Each sub-frame is called an Transmission Time

Interval (TTI), and further divided into 2 slots (0.5ms each).

Each slot has 6 or 7 OFDM symbols. The basic transmission

parameters are specified in more detail in Table I. The sub-

carrier spacing is constant regardless of the transmission

bandwidth. Multiple sub-frames can be concatenated into

longer TTI to improve support for lower data rates and QoS

optimization.

The transmitted downlink signal consists of NBW sub-

carriers for a duration of Tslot. It can be represented by a

resource grid as depicted in Figure 1. Each box within the

TABLE I
LTE DOWNLINK PHYSICAL PARAMETERS

Bandwidth (MHz) 1.4 3 5 10 15 20

Radio frame duration 10 ms

Sub-carrier spacing 15 KHz

RB bandwidth 180 KHz

Number of RBs 6 15 25 50 75 100

grid represents a single sub-carrier for one symbol period and

is referred to as a resource element. A physical resource block

(PRB or RB) is defined as one slot in the time domain (0.5ms)

and 12 consecutive sub-carriers (180KHz) in the frequency

domain. A resource block is the smallest element of resource

allocation assigned by the base station scheduler. The resource

block model is demonstrated in Figure 1.
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Fig. 1. LTE Downlink Resource Grid

B. Carrier Aggregation

It is unlikely that spectral efficiency of LTE can be im-

proved much beyond its current performance limit to meet

the requirement of 1Gbps set by IMT-Advanced. Therefore

the only way to achieve significantly higher data rates is to

increase the channel bandwidth. Carrier aggregation (CA) [1]

is one of the most notable key features of LTE-Advanced

which has been standardized in 3GPP as part of LTE Re-

lease 10. It allows scalable expansion of effective bandwidth

delivered to a user terminal through concurrent utilization

of radio resources across multiple carriers. These carriers

may be of different bandwidths, and may be in the same or

different bands to provide maximum flexibility in utilizing the

scarce radio spectrum available to operators. In the carrier



Fig. 2. Types of Carrier Aggregation

aggregation, up to 5 component carriers can be aggregated.

The term “component carrier” (CC) in this context refers

to any of the bandwidths defined in LTE. The creation of

wider bandwidths has three options: intra-band contiguous

aggregation, intra-band non-contiguous aggregation, or inter-

band non-contiguous aggregation.

Intra-band contiguous CA provides a contiguous bandwidth

wider than 20MHz (Figure 2(a)). It may be a unlikely sce-

nario given current frequency allocations of operators, but

can be common when new spectrum bands are allocated in

the future. Intra-band non-contiguous CA combines multiple

CCs belonging to the same band but in a non-contiguous

manner (Figure 2(b)). This option can be used in scenarios

where spectrum allocation is non-contiguous within a single

band. Inter-band non-contiguous CA (Figure 2(c)) is the most

general mode where multiple CCs belong to different bands.

It can potentially improve mobility robustness by exploiting

different radio propagation characteristics of different bands,

but may require additional complexity in the RF front-end.

Data aggregation schemes across component carriers can

be achieved at the MAC layer where the transmission blocks

(TBs) from different component carriers can be built in a way

that is transparent to the upper layers (RLC and PDCP) (Fig-

ure 3) [1]. Each component carrier has its own transmission

configuration parameters as well as an independent HARQ

entity in order to support more flexible and efficient data

transmissions and guaranteed backward compatibility at the

expense of complex control signaling.

C. Channel Models

1) Friis Path Loss Model: The major attenuation of signal

strength on a wireless link comes from the large-scale path

which can be modeled using the Friis transmission equa-

tion [4][5]. The ratio of the power available at the input of the

receiving antenna Pr to the output power of the transmitting

antenna Pt,

Pr = Pt +Gt +Gr + 20 · log10

(
λ

4πR

)

where Gt and Gr are the antenna gains of the transmitting and

receiving antennas respectively, λ is the wavelength, and R is

the distance between the antennas. It is clear that frequency

Fig. 3. Downlink Protocol Stack with Carrier Aggregation

plays an important role in the path loss model: signals in a

band with higher frequency attenuate faster, so the band will

have a smaller coverage. This fact is well known but its impact

on component carrier assignment is significant.

2) Rayleigh Fading Model: Fading adds fast variations

upon path loss. Rayleigh fading [6] is a statistical model

for modeling the effect of multi-path propagation on a radio

signal. Rayleigh fading model assumes that the magnitude of a

signal that has passed through such a transmission channel will

vary or fade randomly according to a Rayleigh distribution.

The MATLAB functions rayleighchan and pwelch are

used to generate the fading traces for simulation [5] [7].

3) PHY Error Model: The PHY error model of NS3 sim-

ulator used in the paper is designed according to the standard

link-to-system mapping (LSM) techniques [5] [7]. It is aligned

with the standard system simulation methodology of OFDMA

radio transmission technology. It is based on the mapping of

link layer performance obtained using link level simulators to

system simulators. In particular, the link layer simulator is used

for generating the performance of a single link from a PHY

layer perspective (usually in terms of block error rate (BLER)

based on SINR), under specific static conditions. NS3 uses the

Vienna LTE Simulator [8] to extract the link layer performance

and build the PHY error model.

D. Link Adaptation

Adaptive modulation and coding (AMC) has been adopted

in LTE to enhance the system throughput. It has been widely

proven to be a powerful technique for improving the spectral

and energy efficiency and increasing the data rate over a fading

channel [9]. AMC is one of the most important techniques

of link adaptation. Its objective is to maximize the data rate

by adjusting transmission parameters according to channel

variation. AMC operates on channel conditions identified by

the channel quality indicator (CQI) obtained using SINR

estimation.

By using AMC, the combination of different constellation

of modulation and different rate of error-control codes are



chosen based on the time-varying channel conditions. When

channel quality is good (high CQI), AMC schemes with larger

constellation sizes and higher channel coding rate can be

applied to effectively achieve high transmission rate. When

channel quality is poor (low CQI), transmission rate is reduced

to ensure transmission quality. Thus it can realize optimal

allocation of system resources and maximize throughput.

E. Scheduler in LTE

Since LTE is based on OFDM, it is possible to distribute

available transmission radio resources in the frequency domain

to different mobile terminals. The resource allocation can be

changed dynamically. The MAC scheduler in the eNodeB

(base station) assigns both uplink and downlink radio re-

sources. The scheduling decision covers not only the resource

block assignment but also the modulation and coding scheme

to be used and the antenna techniques.

3GPP does not specify the MAC scheduler, but leaves its

design and implementation to vendors. This added flexibility

changes the system performance significantly with the use of

different scheduling algorithms. Depending on the implemen-

tation, the scheduler can base its scheduling decision on the

QoS class and the queuing delay of data, on the instantaneous

channel conditions, or on fairness indicators. The channel

conditions in a wide-band system vary in both time domain

and frequency domain. With sufficiently detailed channel-

quality information (such as CQI) to eNodeB, the scheduler

can perform channel-dependent scheduling in the time and

frequency domains, and improve the system capacity.

Carrier Aggregation offers another level of flexibility for the

scheduler to allocate the radio resources. This functionality is

to configure a set of CCs for each user. The CC assignment is

an important apparatus for optimizing system performance, as

well as limiting the power consumption of users. The power a

UE requires increases with the number of CCs it is assigned

(more bandwidth and signals to process). For optimal system

performance, it is desirable to have approximately equal load

on different CCs.

III. PROBLEM FORMULATION

We consider a single-cell (one base station or eNodeB)

scenario where the downlink bandwidth is configured with

C component carriers which totally have M resource blocks

(RBs) (similar notations to ones used in [10]). The base

station serves N active users. We denote the set of compo-

nent carriers as C = {c|c = 1, 2, · · · , C}, and all RBs as

M = {m|m = 1, 2, · · · ,M}, and the set of all users by

N = {n|n = 1, 2, · · · , N}. Cn of C component carriers may

be configured for user n. During each scheduling slot, the

base station can allocate Mn RBs (RBs are not necessarily

contiguous) from Cn component carriers to user n. Each RB

is assigned to at most one user. We denote the power set

of M as P . Each p in P identifies a set of RBs. We have

xp
i = 1 if and only if p is allocated to user i. In the framework

defined by the problem, two levels of resource allocations are

involved: component carrier assignment and resource block

scheduling. The former runs at a coarse granularity, and the

major objective is to load balance across multiple component

carriers. The latter runs at each scheduling interval (one TTI)

in order to be channel adaptive and achieve better throughput

and delay performance. It is evident that two levels are closely

related and impact each other.

The resource allocation problem of multiple component

carriers and resource blocks within a carrier for multiple users

can be formulated as a combinatorial optimization problem.

The objective is to maximize the total size of transport blocks

(TBS) built for each user at each scheduling interval. The

variables are different assignments of component carriers and

schedules of resource blocks for users. The constraints are all

available component carriers and resource blocks, available

AMC modes, and the delay requirements for users. The

component carrier allocation is implicitly embedded in the

problem formulation which is done at a configurable interval.

Given a set of component carriers C, resource blocks M, a

set of active users N and a set of available AMC schemes A
during a scheduling period in a cell:

Maximize: Mini∈N

∑
k∈C

TBSk
UE(i) (1)

subject to:

∀ RB m ∈ M :
∑

m∈p,i∈N

xp
i ≤ 1 (2)

∀ user i ∈ N :
∑
p∈P

xp
i ≤ 1 (3)

∀ user i ∈ N , p ∈ P : xp
i ∈ {0,1} (4)

∀ RB m ∈ M : AMCRBm
∈ A (5)

∀ user i ∈ N : delayi ≤ DELAYBOUNDi (6)

Constraint (2) requires each RB be assigned to at most one

user. Constraint (3) ensures each user get no more than one

set of RBs.

IV. JOINT CARRIER AGGREGATION AND PACKET

SCHEDULING

A. Dynamic Component Carrier Assignment

Carrier aggregation in LTE-Advanced will significantly

boost the transmission speed on air interface. Efficient assign-

ment of component carriers (CCs) to UEs to achieve higher

network utilization and performance is an important issue

that needs to be carefully addressed. In the existing carrier

aggregation schemes, CCs are allocated statically when UEs

attach to the network and the allocation does not change with

time. In our proposed approach, we take channel conditions,

network load and other impacting factors into account, and

dynamically allocate component carriers for UEs.

In our scheme, the metric to determine the load of a

component carrier is the aggregated value of queuing head-

of-line (HOL) delay of UEs which are allocated the carrier.

This metric can properly quantify and indicate the loading of a

particular CC and implicitly factor in the channel conditions. It

can help achieve network load balancing and high utilization.



In our scheme, we assume that there are M CCs and each UE

can be allocated at most N (< M ) CCs. eNodeB periodically

runs the dynamic assignment algorithm to reallocate CCs to

UEs. The detailed procedure is presented in Algorithm 1.

The frequency of running CC reallocation is a configurable

parameter on eNodeB.

Algorithm 1 Dynamic CC Reallocation

Require: N out of M to be assigned to each of K UEs.

1: Clear the CC assignments for all UEs.

2: Reset AggregHOLPerCC[1...M ].

3: Calculate HOL delay of all UEs.

4: Sort HOL delay in a descending order into HOL(1...K).
5: for UE(k), k = 1...K from HOL(1...K) do

6: for i = 1...N do

7: LeastHOL = INF;

8: LeastHOLFlag = FALSE;

9: for j = 1...M do

10: if AggregHOLPerCC[j] == 0 then

11: Assign CC j to UE(k);

12: AggregHOLPerCC[j] = HOL(k);
13: LeastHOLFlag = TRUE;

14: break.

15: else

16: if (LeastHOL > AggregHOLPerCC[j])

and (CC j not assigned to UE(k)) then

17: LeastHOL = AggregHOLPerCC[j];

18: LeastHOLCCId = j.

19: end if

20: end if

21: end for

22: if LeastHOLFlag == FALSE then

23: Assign CC LeastHOLCCId to UE(k);

24: AggregHOLPerCC[LeastHOLCCId] =

AggregHOLPerCC[LeastHOLCCId] +

LeasetHOL.

25: end if

26: end for

27: end for

B. Backlog Based Resource Block Scheduling

At a finer granularity, scheduling resource blocks is an-

other important issue. A number of backlog based policies

(e.g.[11][12]) have been proposed in literature for multi-

channel systems and shown to be optimal under specific re-

striction on arrival processes and channel conditions. However,

their empirical performance in realistic scenarios (LTE systems

in particular) is not known. We study and apply two types of

backlog based algorithms (Algorithms 2 and 3): Queue Side

Greedy and Server Side Greedy. Here queue implies the packet

queue at eNodeB for UEs and server means the available

resource blocks.

In both algorithms, backlog can be in terms of either head-

of-line (HOL) delay or queue length. In some cases, good

queue length performance does not necessarily translate to

good delay performance. Simply maintaining low queue length

is insufficient in order to guarantee low waiting-time in the

queue. For example, a packet that is present in a queue with

low queue length may have to wait for a long time to get

served if fewer packets are offered to this queue for several

time-slots. In our simulations, we will focus the Algorithm 2

(QSG) which has better performance.

Algorithm 2 Queue Side Greedy (QSG) RB Scheduling

Require: M resource blocks to be allocated to N UEs.

1: for k = 1...M do

2: Choose the UE i with the largest backlog;

3: For UE i, choose the resource block j with the best

channel rate;

4: Allocate the resource block j to UE i and mark it as

allocated;

5: Update the backlog for UE i.
6: end for

Algorithm 3 Server Side Greedy (SSG) RB Scheduling

Require: M resource blocks to be allocated to N UEs.

1: for resource blocks i = 1...M do

2: Choose the UE j with the largest metric:

3: Metric = backlog×channel rate of resource block i for

UE j;

4: Allocate the resource block i to UE j;

5: Update the backlog for UE j.

6: end for

In both algorithms, updating the backlog information for UE

after one iteration is the key which is not done in conventional

scheduling schemes. Backlog is a good indicator for the

system load and the priority of UE to be scheduled. Both

throughput and delay is taken into account with this metric.

C. Intelligent Link Adaptation

Channel awareness is indispensable for any efficient re-

source allocation schemes. In LTE, CQI is an important

mechanism to obtain the feedback on channel quality and

achieve link adaptation. In the existing implementation, the

default link adaptation approach is that after all resource

blocks are allocated to UEs by the scheduler, the resource

blocks for a UE are built into one single transport block

and modulated with MCS corresponding to the lowest CQI

of the resource blocks of this UE. This approach is safe and

conservative, but it may be inefficient and potentially lower the

number of bytes that could be transmitted with the transport

block. When a resource block is assigned to UE, the scheduler

considers its CQI individually which may not be optimal in

terms of all CQIs of resource blocks assigned to this UE. A

function F can be designed to take a set of CQIs as input

and output a single CQI which can be applied to all allocated

resource blocks and achieve an optimal MCS and transport

block size. Function F can be sophisticated or simple (like

the default one: Min CQI).

Our basic idea is to incorporate the CQI tradeoff when

allocating resource blocks and do the scheduling and link



adaptation collectively (Algorithm 4). When a resource block

with a particular CQI value is available to a UE, we check if

the CQI value of this resource block can collectively enhance

the overall transport block (TB) size with the resource blocks

already allocated to this UE. If this CQI value is very low,

then it will degrade the MCS mode of the transport block

built with other resource blocks. In such a case, this resource

block may be scheduled to other UE which may have better

channel condition (better CQI) on it. In our case, function F
is the weighted CQI average. Once the scheduling during a

TTI is finished, the final MCS mode built into the transport

block is also determined by the weighted average CQI.

Algorithm 4 Intelligent Link Adaptation

1: UE(i) allocated resource blocks PRB(j) (j = 1...K);

2: The next resource block PRB(K + 1) allocated to UE(i);
3: oldAvgCQI =

∑K

j=1(CQIPRBj
)2/

∑K

j=1 CQIPRBj
;

4: oldMCS = GetMCSFromCQI(oldAvgCQI);

5: oldTBSize = GetTBSizeFromMCS(oldMCS);

6: newAvgCQI =
∑K+1

j=1 (CQIPRBj
)2/

∑K+1
j=1 CQIPRBj

;

7: newMCS = GetMCSFromCQI(newAvgCQI);

8: newTBSize = GetTBSizeFromMCS(newMCS);

9: if newTBSize > oldTBSize then

10: Accept PRB(K + 1) and allocate to UE(i);
11: else

12: Reject PRB(K + 1) and leave it to other UEs.

13: end if

V. PERFORMANCE EVALUATION

In this section we examine the performance of our proposed

resource allocation schemes. We use the NS3 [5] as the system

simulator. Table II lists the basic LTE parameters settings used

in the simulations.

TABLE II
NS3 PARAMETER SETTINGS

Parameter Setting

Number of eNodeBs 1

Number of UEs 10

Antenna Model 1x1 Isotropic

Path loss model Friis transmission equation

Fading model Rayleigh fading trace

PHY error model LSM based mapping

Bandwidths 3MHz, 5MHz, 10MHz, 20MHz

Component Carrier Bands 0.7GHz, 0.9GHz, 1.8GHz, 2.025GHz, 2.6GHz

eNodeB TX power 30dBm

UE TX power 10dBm

Noise spectrum density -174 dBm/Hz

Traffic Video over UDP

A. Comparison with Static Component Carrier Assignment

The LTE module in NS3 only supports Release 8 LTE,

so we extend the model and add the carrier aggregation

feature. We compare our dynamic CC assignment scheme with

the static round-robin allocation which assigns CCs for UE

when it attaches to the network in a round-robin fashion. Our

simulations are conducted in a grid scenario with one eNodeB

and ten UEs as shown in Figure 4. eNodeB is colocated

with UE1. The space between UEs are 1500m. A UDP video

session with a rate of 1000KB/s runs on the downlink between

eNodeB and each UE. The total simulation time is 10 seconds.

Five CCs are available and each UE can have at most three

CCs assigned. The bandwidth is 5MHz (25 PRBs), so one

UE can have a maximum aggregated 15MHz bandwidth (75

PRBs).

Fig. 4. A 10-UE Grid Scenario

In Figure 5 the aggregated throughput is compared: dynamic

reallocation achieves higher aggregated throughput which

translates to better network utilization. It is evident in Figure 6

that the average delay performance of dynamic scheme is

better than the static assignment. The average delay keeps

increasing with the static round-robin assignment.

Fig. 5. Aggregated Throughput of 10 UEs

Fig. 6. Average Delay of 10 UEs

When we take a closer look, the problem is from UE6

whose queue is unstable and incurs a large delay. We further

compare the throughput and delay of UE6 in Figures 7 and 8

respectively. Clearly both throughput and delay performance

of the dynamic scheme is much better than the static approach:



the delay is low and stable; the throughput is much higher. The

round-robin allocation assigns CCs 2.6GHz, 2.025GHz and

1.8GHz to UE6 which equivalently makes it a cell-edge user:

bands with larger frequencies have smaller coverage. Different

CCs may have different frequencies, hence different path loss

characteristics and coverage, so proper CC assignment is very

important to achieve high network utilization and user fairness.

The advantage of our scheme is to dynamically reallocate CCs

according to network and user conditions which gives much

better network performance and user fairness.

Fig. 7. Throughput of UE6

Fig. 8. Delay of UE6

B. Comparison with Proportional Fairness Scheduling Rule

In this section, we compare the backlog based scheduler

(QSG) with the well-known Proportional Fairness scheduling

rule [13] which is the default scheduler in many eNodeB

implementations.

The Proportional Fairness scheduling rule, as the name

suggests, attempts a “proportionally fair” allocation of radio

resources to different users. Let μi(t) be the state of the

channel of user i at time t, i.e. the actual rate supported by the

channel. This rate is constant over one slot. Let μi(t) denote

the moving average rate of user i at time t. Then the rule can

be defined as:

j = argmax
i

μi(t)

μi(t)

Compared to the Max-Rate rule [14] where a user with

the highest instantaneous rate or equivalently the best channel

condition is scheduled, the proportional fairness rule balances

the user requests by considering their historical rates. The

scheduler provides fairness in the sense that at any time users

with lower moving average rates (“starved” in the past) will

have higher priorities to be allocated radio resources. However,

it is noted that the proportional fairness rule does not account

for packet delay and can result in poor delay performance.

We use the same topology as shown in Figure 4. The

horizontal and vertical distance between UEs is 400m. A

UDP video session with a rate 300KB/s runs on the downlink

between eNodeB and each UE. The simulation time is 10

seconds. The aggregated throughput and average delay across

10 UEs are presented in Figures 9 and 10 respectively. Backlog

scheduler offers slightly higher throughput but much better

delay performance. In Figures 11 and 12 the average through-

put and delay of each UE are compared. Backlog scheduler

has lower delay for each UE and better fairness among UEs

is achieved. 7 out of 10 UEs have higher or equal average

throughput with the backlog scheduler, and other 3 UEs have

comparable throughput performance. The throughput of the

cell-edge UE 10 is about 14% higher than the PF scheduler,

and its delay is substantially lower than the PF scheduler.

Fig. 9. Aggregated Throughput of 10 UEs

Fig. 10. Average Delay of 10 UEs

C. Comparison with Min-CQI Based Link Adaptation

In this section, we compare our weighted-average-CQI

based link adaptation scheme with the minimum CQI based

approach. In Figure 4, the space between UEs is 1000m. The

bandwidth is 10MHz (50 PRBs). A 200KBps video session

runs on the downlink from eNodeB to each UE. To better

understand the impact of CQI selection, we also study the Max

CQI where the MCS mode is determined by the maximum

CQI of the allocated resource blocks for a UE. Min CQI and

Max CQI are two extreme cases: most conservative and most



Fig. 11. Individual Average Throughput of 10 UEs

Fig. 12. Individual Average Delay of 10 UEs

optimistic. Higher CQI will indicate higher MCS mode which

in turn generates higher bits per symbol. However, higher MCS

mode will incur larger BER (Bit Error Rate). This shows that

the tradeoff between the transmission rate and the error rate

needs to be carefully considered. Min CQI favors low BER but

the delay is large while Max CQI has good delay performance

but the throughput is very low.

TABLE III
COMPARISON OF DIFFERENT LINK ADAPTATION SCHEMES

Min CQI Max CQI Weighted CQI

Aggregated Throughput (KBps) 1664 1088 1654

Average Delay (ms) 16.7 12.8 14.5

TABLE IV
COMPARISON BETWEEN MIN-CQI AND WEIGHTED-CQI

Min CQI Weighted CQI

Aggregated Throughput (KBps) 2245 2190

Average Delay (ms) 31.6 9.6

In our approach, we average the CQIs across all allocated

resource blocks in a weighted manner. Hence the high CQIs

are weighted more but the tradeoff is also taken into account.

Table III presents the results of three link adaptation schemes.

Although the aggregated throughput degrades slightly (0.6%

less), the delay performance is much better (13% less). It is

expected that wider bandwidth may have more CQI variations,

so the performance gain would be higher. In another scenario

where the downlink bandwidth is 20MHz (100 PRBs) and

the rate is 250KBps, Table IV shows the comparison: the

throughput degradation is 2.4% but the delay is substantially

lower. In Figure 13 we further compare the per UE average

delay: UE10 has a constantly increasing delay (the average

over the simulation duration is 230ms and off the chart).

Fig. 13. Individual Average Delay of 10 UEs

D. Overall Performance

In this section, we incorporate the proposed schemes (PRO-

POSED in the legend) and evaluate their performance collec-

tively in a general scenario. The baseline is the proportional

fairness scheduler with the static round-robin component car-

rier assignment (DEFAULT in the legend). The scenario is

one eNodeB with ten UEs. The UEs are uniformly distributed

within a 1000m circle centered at the eNodeB, and move under

the random waypoint mobility model with a speed uniformly

distributed in the range of [0, 15m/s] (from pedestrian to low-

speed urban vehicle). Three 3MHz bands are allocated for

each UE. The downlink rate for each UE is 600KBps. We

compare the aggregated throughput and average delay of UEs

in Figures 14 and 15 respectively. The aggregated throughput

offered by the proposed schemes is higher, so the network

utilization is better. For the delay performance, the default

approach produces a constantly increasing delay (the queues

are unstable). The standard deviation of the average delay of

10 UEs by our schemes is 0.006ms while it is 3.478ms by the

default approach, so the delay fairness is also better.

Fig. 14. Aggregated Throughput of 10 Random UEs

VI. RELATED WORK

Resource allocation in OFDMA based LTE networks has

been one of the important problems of RRM in wireless

networks and attracting increasing research interests recently.



Fig. 15. Average Delay of 10 Random UEs

From the theoretical perspective, scheduling algorithms in

multi-channel networks were proposed in [11][12][15]. How-

ever, in realistic scenarios, those algorithms may need signifi-

cant extensions. In [10][16], the authors presented the hardness

results for LTE frequency-domain scheduling. Under certain

circumstances, it has been proven to be NP-hard.

Joint component carrier allocation and packets scheduling

were reported in [17]. The carrier assignment algorithm was

simplistic and static. At the subcarrier level, it used the PF

scheduler. In [18], the authors focused on the uplink carrier

allocation in favor of cell-edge users, and no delay perfor-

mance was considered. Various schemes have been proposed

to address the packet scheduling problem in wireless channel.

In addition to the Max-Rate rule and the PF rule discussed

in the simulations, two queue driven rules were presented

in [19] (the EXP rule) and [20] (the LOG rule) with different

focus. As the queues grow linearly, the EXP rule schedules

in a manner that emphasizes queue-balancing at the cost of

total weighted service rate while the LOG rule schedules

in a manner that de-emphasizes queue-balancing in favor of

increasing the total weighted service rate (being opportunistic).

Both rules are single-user schedulers. Their scheduling metrics

bundle two components – channel rate and queue-length, so

the scheduling decision may not be optimal individually for

both components in multi-subcarrier wideband systems for

multi-user scheduling.

Most of the existing CQI schemes [21][22][23] focused

on the accurate and timely feedback mechanisms which are

important but did not consider the CQI adaptation when

scheduling PRBs and constructing transport blocks (TBs). The

tradeoff between CQI selection and corresponding MCS mode

(TB size) has a significant impact on network performance.

VII. CONCLUSION

In this paper, we studied the downlink radio resource alloca-

tion problem for LTE-Advanced systems which includes both

component carrier assignment and resource block scheduling.

We proposed a dynamic carrier assignment algorithm and

backlog based resource block scheduling policies to achieve

load balancing across component carriers and better through-

put and delay performance for users compared with the

existing schemes. In addition, we presented an intelligent link

adaptation scheme based on weighted average CQI which can

be plugged into the scheduling algorithms to further enhance

the delay performance. The effectiveness of the proposed

schemes is evidenced with extensive simulations under real-

istic models and settings. The proposed schemes consist of a

two-tier (carrier and subcarrier) scheduling framework which

can be extended and enhanced with more sophisticated metrics

and algorithms in future research.
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ABSTRACT
3GPP LTE system exhibits a vital  feature of  Frequency 
Selective Scheduling(FSS). Frequency scheduling relies on 
Channel Quality Indicator(CQI) report by the user equipment 
(UE). The main challenge in CQI reporting consists of 
reduction in number of reporting bits maintaining the 
performance of the system. This paper recommends a new 
CQI reporting approach which uses Huffman compression for 
reduction of overhead bits for full-band CQI report. Full-band 
feedback technique transmits entire CQI report instead of 
reporting limited bands as done in Best-M reporting 
techniques. The constraint of Huffman coding that the coding 
table must be known to both transmitter and receiver prior to 
transmission, is efficiently explored in this technique. Results 
indicate appreciable reduction in feedback bits as compared to 
uncompressed full-band reports. Also, full-band Huffman 
feedback technique shows profound rise in throughput of the 
system over sub-band feedback techniques. 

General Terms
Wireless communication. 

Keywords
Huffman compression, 3GPP LTE CQI, LTE uplink feedback. 

1. INTRODUCTION
3GPP Long Term Evolution (LTE) system exploits OFDMA 
as air interface for improved spectrum management [1]. 
OFDMA grants downlink transmission for different users on 
different frequency channels at the same time. Accordingly, 
need of frequency scheduling at eNodeB(base station) arises. 
In order to accomplish this type of scheduling, eNodeB 
demands channel quality information from every user.  

Channel information inherently depends on user’s received 
signal quality. Channel Quality Indicator(CQI), an integer 
value, maps effective SINR [2] for each group of subcarriers 
known as sub-band. Apart from SINR, this mapping could 
also deal with multipath delay spread [3]. Link adaptation 
algorithms have also been investigated for appropriate CQI 
value selection [4]. E-NodeB transmits pilot (reference) 
signals at proper intervals for CQI measurement. UE then 
sends back CQI to its corresponding eNodeB, beneficial for 
frequency scheduling [5].  

CQI feedback leads to vast utilization of uplink resources. 
CQI feedback information being the control information, must 
use minimum possible bits. Use of lower number of  bits 
which could be achieved by feedback of partial information, 
leads to declination of average throughput of the system. A 
balance has to be struck between overhead bits and 
throughput of the system. 

Considerable research has been done to come up with a viable 
CQI reporting technique. CQI reporting techniques could be 
roughly classified as full-band and sub-band feedback 
techniques [6]. Full-band feedback uses compression methods 
with quality report for entire bandwidth. DCT and Haar 

compression based methods have been designed for the same 
[7]-[9]. Sub-band feedback reports limited number of bands 
corresponding to best channel quality[10]-[13]. Such 
technique improves overhead, weakening the throughput of 
the system [14]. 

This paper concentrates on application of variable length 
coding for overhead reduction of full-band feedback 
technique. Huffman compression is an efficient variable 
length coding technique which works on probability of 
occurrence of symbols to be encoded. Since Huffman 
compression is applied on full band reports, it provides 
throughput similar to that of uncompressed full-band reports. 
Paper structure is as follows: Sec 2 throws light upon basic 
Huffman compression. Full band Huffman compression 
scheme is explained thoroughly in Sec.3. Overhead and 
performance analysis  for the scheme is presented in Sec 4. 
The work is concluded in Sec 5. 

2. HUFFMAN COMPRESSION
Huffman coding allows accurate retrieval of original data 
from compressed data. Variable number of bits are assigned in 
such a way that symbols with higher probability of occurrence 
are assigned lower number of bits and vice-versa. A 
fascinating property of Huffman compression is that 
generated symbol code forms a prefix code. No code word is 
prefix of any other  code word in a prefix code. This 
facilitates accurate decoding of data from compressed data, by 
making use of coding table that was used for encoding. 
Huffman code formation for 4 symbols with probabilities 
{0.4,0.35,0.2,0.05} is shown.       

Symbols are arranged in descending order of their 
probabilities. Lower two probabilities are added up and 
resulting sum along with remaining probabilities are again 
arranged in descending order. This process is continued until 
only two probabilities are left out. At every stage 0 and 1 are 
assigned to the probabilities which are added. Symbols are 
then traced from last to first stage to get Huffman code. 
Huffman code for above case is shown in table. As observed, 
no code word is prefix of other code word. 

A 0 

B 10 

C 110 

D 111 
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3. FULL BAND HUFFMAN CQI  
FEEDBACK  SCHEME 
The basic idea is to assign minimum no. of bits to CQI values 
occurring the most & maximum no. of bits to CQI values 
occurring the least, thereby reducing the overall CQI feedback 
overhead. Number of occurrence for each CQI value could be 
counted & number of bits to be assigned to each value could 
be decided. However, Huffman coding has a constraint that 
receiver must know the coding table used at the transmitter for 
decoding purpose. Hence coding table used needs to be 
transmitted to receiver. But this would lead to unacceptable 
overhead. Thus assignment of bits dynamically is not possible 
& a static scheme has to be developed.  

This static scheme assumes that CQI values from a particular 
range occur more number of times in the current CQI report, 
compared to other values. Values in this range are then 
assigned least number of bits. Keeping this in mind, Huffman 
code for all CQI values could be generated. CQI range (1 to 
15) is divided into groups where occurrence of  each group in 
CQI report is assumed to be different. Group A values are 
assumed to occur the most & hence assigned least no. of bits. 
Descending order of occurrence of groups is: 

Group A > Group B > Group C > Group D  & so on.  

Scheme uses one of the possible group formation. Possible 
group formations are shown. 

 

              Table 1.Huffman Code for 2 groups 

             Table 2.Huffman Code for 3 groups 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Table 3.Huffman Code for 4 groups 

              

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Table 4. CQI Grouping for each code table 

No. of 
groups 

No. of 
code 
tables 

CQI grouping for 
each code table 

Comments 

2 2 Code 1: A (1 - 7),  Group with 
minimum bits 

Group Huffman Code 

 

 

 

A 

[0,0,0] 

[1,1,0] 

[0,1,1] 

[0,1,0] 

[1,0,1] 

[1,0,0] 

[0,0,1] 

 

 

 

B 

[1,1,1,1,0,1] 

[1,1,1,1,0,0] 

[1,1,1,1,1,1] 

[1,1,1,1,1,0] 

[1,1,1,0,0,1] 

[1,1,1,0,0,0] 

[1,1,1,0,1,1] 

[1,1,1,0,1,0] 

Group Huffman Code 

 

 

A 

[1,0,1] 

[1,0,0] 

[1,1,1] 

[1,1,0] 

[0,0,1] 

 

 

B 

[0,1,0,1] 

[0,1,0,0] 

[0,1,1,1] 

[0,1,1,0] 

[0,0,0,1] 

 

 

C 

[0,0,0,0,1,1] 

[0,0,0,0,1,0] 

[0,0,0,0,0,0,1] 

[0,0,0,0,0,0,0] 

[0,0,0,0,0,1] 

Group Huffman Code 

 

A 

[1,1] 

[1,0] 

[0,1] 

 

B 

[0,0,1,1] 

[0,0,0,0,0] 

[0,0,0,1,0] 

[0,0,0,0,1] 

 

C 

[0,0,1,0,0,1] 

[0,0,1,0,0,0] 

[0,0,1,0,1,1] 

[0,0,1,0,1,0] 

 

D 

[0,0,0,1,1,0,1] 

[0,0,0,1,1,0,0] 

[0,0,0,1,1,1,1] 

[0,0,0,1,1,1,0] 
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B (8 – 15) 

Code 2: A (8 – 15), 

B (1 – 7) 

per CQI value 
is group A. 

Group with 
maximum bits 
per CQI value 
is group B. 

3 6 Code 1: A (1 – 5), 
B (6 – 10), C (11 – 
15) 

Code 2: A (1 – 5), 
B (11 – 15), C (6 – 
10) 

Code 3:A(6 – 10),B 
(1 – 5),C(11 – 15) 

Code 4:A (6 – 10), 
B(11 – 15),C (1 – 
5) 

Code 5: A (11 – 
15), B (1 – 5), C (6 
– 10)

Code 6: A (11 – 
15), B (6 – 10), C 
(1 – 5) 

Group with 
minimum bits 
per CQI value 
is group A. 

Group with 
maximum bits 
per CQI value 
is group C. 

4,5……
…..15 

4!,5!..
….15! 

‘’4!,5!……….15!’’  
combinations    of 

“4,5…………15’’  
groups  respectively 

Group with 
minimum bits 
per CQI value 
is group A. 

Group with 
maximum bits 
per CQI value 
is last group. 

Formation of code tables is done prior to transmission of CQI 
values. One of the above combination is used. 

The steps to be carried out for this scheme could be 
summarized as follows:     

1. Divide CQI value range (1 to 15) into groups. Min. 2
groups & max. 15.

2. Form Huffman code tables for the decided group
formation.

3. Get the CQI values for all active sub-bands (full-band
CQI report).

4. Count the number of occurrence for individual  CQI
values within each group.

5. Add & obtain the total occurrence number for each
group.

6. Arrange groups in descending order of total occurrence
number.

7. Select relevant code table from available code tables.
Group with maximum occurrence is group A &
subsequent groups in descending order of occurrence
number.

For example, consider following CQI vector and scheme with 
2 groups: 

CQI 12 12 4 10 5 8 8 7 4 5 

Count for group 1 to 8 : 7,  Count for group 9 to 15 : 3. Higher 
count group is the first group and hence group A is from 1 to 
8 and group B from 9 to 15. Hence, Code 1 is selected. Thus, 
range of values with more count are assigned less number of 
bits.  

Key Points: 

1. CQI values within a particular group are considered to be
with equal probability of occurrence. Hence, roughly 
same number of bits are assigned to individual  values
within a group.

2. More number of groups allows to assign lesser number
of bits per value.

3. The decision of number of groups and formation of code
tables should be done prior to CQI computation.

4. A particular group is not distributed over CQI value
range. A set of consecutive CQI values is considered to
be a group (such as 1 to 8 and 9 to 15).

5. Better compression is possible if reported CQI values are 
concentrated in a single group (particularly Group A).
For this case, more number of groups is feasible.
However if CQI values are distributed in entire CQI 
range then it is better to have lesser number of groups.

4. OVERHEAD & PERFORMANCE
ANALYSIS
4.1 Overhead Analysis
Compression depends on occurrence of CQI values. The 
analysis is shown for system with 25 sub-bands. Hence 
maximum occurrence of values in group A could be 25 which 
corresponds to maximum compression. Similarly, min. 
occurrence of values in group A will result in minimum 
compression. For example, consider scheme with 2 groups : 

Occurrence number for group A ≥ Occurrence number for 
group B 

1. Distribution of 25 values: 13 in group A and 12 in group
B

 

2. Distribution of 25 values:  25 in group A and 0 in group
B

 

Same analysis could be extended to schemes with higher 
groups. 

(For a single group with variable length of bits for individual 
values, max. number of bits for single value is considered) 
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Table 5.Compression for different number of groups 

 

 

Table 6.Overhead comparison with sub-band methods 

Feedback 
Scheme 

Bit  Computation 
Formula 

Total bits 
required 

 

 

Full 
feedback 
without 
compression 

      125 bits 

Full 
feedback 
Huffman 
with 

4 groups 

Max. compression: 

 

 

50 bits 

Best-M 
individual 

 

59 bits 

DCT 
significant-
M  

53 bits 

DCT 
partitioning 

 

 

 

 

57 bits 

 

As seen from table 5, maximum compression of up-to 50 bits 
is possible for scheme with 4 groups. Huffman scheme results 
in bit saving of  11.2% to 40% for 2 groups, 8% to 40% for 3 
groups, 2.4% to 60% for 4 groups.   

More maximum compression is possible for schemes with 
higher number of groups. 

As seen from table 6, scheme with 4 groups  outperforms Best 
M individual and DCT based schemes for M=7. 

4.2 Performance Analysis 
Simulation results for comparison of throughput for different 
feedback techniques, considering various parameters are 
presented in this section. 

 

Table 7.Simulation parameters 

Parameters Values 

System bandwidth 10 MHz 

RB  bandwidth 180 kHz 

Carrier frequency 2 GHz 

Scheduler Proportional Fair 

Number of TX 
antennas 

1 

Number of Rx 
antennas 

2 

Channel model Pedestrian B 

UE speed 3 km/h, 15km/h 

CQI feedback delay 2 TTIs 

FFT size 1024 

Number of sub-carriers 600 

Target BLER 10% 

 

It was evident from the simulation results that full-band 
Huffman scheme produced better throughput over sub-band 
schemes such as Best-M individual and DCT based schemes. 
Higher throughput for full-band scheme was obvious as it 
reported entire CQI thereby providing more precise 
information to base station as compared to sub-band schemes. 

Simulation was carried out for UE speed’s of 3km/h & 
15km/h. 

 

 

 

 

 

 

Full band with Huffman compression Full band 
feedback 
without 
compression 

Number 
of 
Groups 

Total bits in 

minimum 
compression 

Total bits in 

maximum 
compression 

2 111 bits 

(A/B : 13/12)  

75 bits 

(A/B : 25/0) 

 

 

 

125 bits 

3 115 bits 

(A/B/C : 
9/8/7) 

75 bits 

(A/B/C : 

25/0/0) 

4 122 bits 

(A/B/C/D : 
7/6/6/6) 

50 bits 

(A/B/C/D : 
25/0/0/0) 
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  3kph 

5. CONCLUSIONS
This paper proposes Huffman compression for full-band CQI 
feedback in LTE systems. The proposed scheme results in 
considerable bit saving for full-band reports. Proper grouping 
of CQI values followed by occurrence of full-band values 
over these groups forms the basis for this scheme. Scheme 
allows compression to such an extent that it even outperforms 
some of the sub-band feedback schemes. This scheme reports 
full-band values thereby providing better throughput over all 
other feedback schemes. Huffman compression thus achieves 
perfect balance between overhead reduction and throughput 
requirements. 

 15kph 
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Abstract—In Long Term Evolution (LTE) systems, the evolved
Node B (eNodeB) performs link adaptation to improve the
system performance on the basis of channel quality information
estimated and fedback by the user equipments (UEs). However,
the channel estimation error (CEE) can not be avoided due
to hardware constraint. To make up the performance loss
caused by CEE, two types of link adaptation algorithms are
proposed: weighted average (WA) algorithm based on three
different parameters and an enhanced adaptive time window
(ATW) algorithm. Unlike pervious work, this paper not only
presents the specific process of all the algorithms but also
takes the theoretical derivation of performance comparison into
consideration. Moreover, simulation results are demonstrated
using an LTE system-level simulator, which show that the WA
algorithm based on channel estimation value can effectively
mitigate CEE and achieve a significant gain. Subsequently, a
better system performance can be obtained using ATW algorithm
by adjusting the window size dynamically.

Index Terms—channel estimation error, weighted average al-
gorithm, adaptive time window algorithm, LTE systems

I. Introduction

With the development of broadband wireless communica-

tion, one of the goals of future communication network is the

almost-ubiquitous provision of high data rate, coverage and

throughput. Long Term Evolution (LTE) system is spurred by

the technical trend in wireless communication, which adopts

Multiple Input Multiple Output (MIMO) and Orthogonal

Frequency Division Multiplexing (OFDM) techniques to im-

prove spectrum efficiency and coverage effectively. Moreover,

Hybrid Automatic Repeat Request (HARQ) applied in real

systems can compensate performance loss caused by multipath

fade through Acknowledgement/Negative Acknowledgement

(ACK/NACK) feedback. Besides this, Adaptive Modulation

and Coding (AMC) as one of the techniques can also increase

the throughput.

Channel Quality Indicator (CQI) derived by user equipment

(UE) is the key indicator for the quality of LTE downlink chan-

nel and the data rate supported by the UE. UE feeds back CQI

to evolved Node B (eNodeB) for resource utilization and con-

ducting AMC operation. In LTE systems, 5 bits are generally

used to denote CQI, which size is related with transport-block

size, modulation scheme and other performance parameters [1]

[2]. However, due to the user’s hardware limitations, eNodeB

is unable to obtain accurate CQI. Subsequently, imprecise CQI

will stir up the wrong decisions made by eNodeB and decline

the Quality of Service (QoS) of UEs. Thus, people focus on

Fig. 1. Data transmission in LTE systems

how to guarantee the accuracy of CQI, so as to maintain high

QoS.

[3] [4] indicated three factors leading to CQI errors, namely

channel estimation error (CEE), CQI quantification error and

CQI time delay. The impact of CEE and delay was investigated

in [5] [6]. Many papers focused on CQI adjustment schemes

in HSDPA systems. [7] gave out a Signal to Interference

rate (SIR) average algorithm to improve performance of link

adaptation. In [8], the authors utilized the power control infor-

mation of Dedicated Physical Channel (DPCH) to improve the

veracity of the feedback information. [9] [10] presented future

CQI estimation calculated by filters. However, the aforemen-

tioned approaches do not take LTE systems and the theoretical

derivation of performance comparison into consideration. In

this paper, we aim at the analysis of weighted average (WA)

algorithm in LTE systems considering CEE. The LTE system-

level simulation is adopted and three types of WA algorithms

on the basis of different parameters are compared by both the

simulation and the theoretical derivation. Moreover, in order

to get a better performance of WA algorithm, we propose an

enhanced adaptive time window (ATW) algorithm.

The rest of the paper is organized as follows. Section II

provides a brief system model. In section III, we discuss

the data transmission of LTE systems and the effect of CEE

on performance. Three WA algorithms based on different

parameters and an ATW algorithm are presented in details in

Section IV. Section V and VI describe theoretical derivation

and simulation results, respectively. Finally, we conclude the

paper in Section VII.

Notations: Superscripts (·)∗ stands for complex conjugated

transpose operation. (·)−1 and tr(·) represent inversion of



matrices and trace operation, respectively.

II. SystemModel

We consider a LTE downlink MIMO system consisting of

Nt transmit antennas and Nr receive antennas. We assume that

all eNodeBs use the same MIMO scheme. The signal model

is described as

y(0) = p(0)H(0)x(0) +

NI∑

i=1

p(i)H(i)x(i) + u(0), (1)

where ∀i ∈ [1,NI] denotes the index of interfering eNodeB,

i = 0 denotes the target eNodeB, y(0) is the Nr × 1 received

signal for target UE and p(i) means the product of tansmit

power for the signal x(i) and path loss between the target UE

and the eNodeB i, H(i) is a Nr × Nt channel matrix between

the target UE and the eNodeB i, u(0) represents Nr × 1 zero-

mean additive white Gaussian noise (AWGN) matrix which

covariance is σ2I and I is a Nr × Nr unit matrix.

In this paper, we assume that only CEE occurs and the

channel matrix with CEE can be modeled as follows [11].

He = H + eE, (2)

where E = {ai j}Nr×Nt , ai j = 1,∀i, j and e is the estimation error

coefficient which can control size of E. The channel matrix

with CEE can not reflect the real channel state information,

thereby affecting subsequent operations of the system and

degrading the throughput.

III. LTE System and Effect of CEE

A typical LTE system works as depicted in Fig. 1:

• Step 1: UE receives downlink data;

• Step 2: UE estimates channel condition;

• Step 3: UE calculates signal-to-interference and noise

ratio (SINR) based on channel estimation value in Step
2;

• Step 4: based on SINR calculated above, UE gets the

proper CQI through reading curve of SINR versus bit

error rate (BER) given by the link-level simulation;

• Step 5: UE transfers uplink data, CQI and ARQ infor-

mation to eNodeB through uplink channel;

• Step 6: eNodeB receives uplink data;

• Step 7: eNodeB schedules UEs;

• Step 8: eNodeB decides MCS of each UE on the basis

of CQI in Step 4;

• Step 9: eNodeB transfers downlink data using MCS

decided in Step 8 through downlink channel.

Obviously, due to hardware limitations, UE cannot guar-

antee that channel estimation value accurately portrays the

instantaneous channel condition. Then, channel estimation

value with CEE will affect the accuracy of SINR calculation,

which further makes CQI unreliable. Finally, eNodeB makes

unwise scheduling and MCS decision based on the unreliable

CQI, which will reduce the system throughput and the users’

QoS. Therefore, CEE is an important factor affecting system

performance.
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Fig. 3. Effect of channel estimation error on four channel scenarios

In this paper, we adopt system-level simulation based on

LTE release 8 version, so as to analyze the impact of CEE on

system performance. All details of configurations including

network layout, simulation parameters, antenna patterns and

channel models are provided in [12]. Our methods are in

strict accordance with the provisions of [13]. Four scenarios

are considered, namely 1) Urban micro-cell scenario (UMi),

2) Urban macro-cell scenario (UMa), 3) Rural macro-cell

scenario (RMa) and 4) Suburban macro-cell scenario (SMa).

Fig. 2 depicts the varying situation of channels. It can be

concluded that SMa>RMa>UMa>UMi in accordance with the

order of channel change from fast to slow. The conclusion

will be used in the subsequent sections. The simulation results

of cell average spectrum efficiency (CASE) versus e for the

four scenarios are depicted in Fig. 3, where e ∈ [0, 5] dB.

It shows that with the increase of CEE’s covariance, the

CASE of all scenarios decreases. When CEE’s covariance is

1 dB, CASE of UMi, UMa, RMa and SMa degrade 13.86%,

20.25%, 12.80% and 14.35% compared with that of e = 0

dB, respectively. Moveover, almost 27.05%, 42.01%, 26.82%

and 30.76% performance lost with e = 5 dB. Thus, proposing

algorithms to eliminate the effect of CEE and improve system

performance is crucial.



IV. Proposed Algorithms

In this section, we propose three WA algorithms on the

basis of different parameters respectively and one enhanced

algorithm based on WA algorithm named as ATW algorithm.

A. WA Algorithms

Considering CEE, we assume He
t and S e

t denote channel

estimation value and SINR calculated by UE at time t. MCS

decided by eNodeB at time t is presented as Me
t .

1) H-WA algorithm (HWA)
In this algorithm, we achieve a more reasonable channel

estimation value, by taking the average of channel estimation

values in a period of time to reduce the randomness of the

CEE. At time t, the channel information used to calculate

SINR in step 3 is denoted as H
′
t .

H
′
t =

T∑

i=1

wiHe
t−i+1. (3)

Assume T denotes the window size for WA algorithm. wi

is weight coefficient used to control weight size of He
t−i+1. For

the sake of simplicity, we make wi =
1
T , ∀i ∈ [1, T ]. Equation

(3) is simplified as

H
′
t =

1

T

T∑

i=1

He
t−i+1. (4)

2) SINR-WA algorithm (SWA)
The core of SWA algorithm is to eliminate CEE by keeping

the channel estimation value calculated in step 2 unchange and

taking the arithmetic average of SINR. At time t, the SINR

for getting CQI in step 4 is given as

S
′
t =

T∑

i=1

wiS e
t−i+1. (5)

Substituting wi =
1
T , ∀i ∈ [1, T ] into Equation (5), it is

reproduced as

S
′
t =

1

T

T∑

i=1

S e
t−i+1. (6)

3) MCS-WA algorithm (MWA)
HWA and SWA algorithms are both applied at UE side.

Taking the computational complexity of UE into consideration,

we propose MWA algorithm applied at eNodeB side. In the

MWA algorithm the channel estimation value and SINR are

maintained the same. MCS used in step 9 will be modified at

eNodeB side as

M
′
t =

T∑

i=1

wiMe
t−i+1 (7)

where wi =
1
T , ∀i ∈ [1, T ]. Equation (7) is simplified as

M
′
t =

1

T

T∑

i=1

Me
t−i+1. (8)

Algorithm 1 Adaptive Time Window Algorithm
1: Initialization
2: T1 = 50 ms and data transmission in T1 is P1;

3: T2 = 49 ms and data transmission in T2 is P2;

4: Defining variables stepnum = 10000 and i = 2;

5: while (
∑i

n=1 Tn < stepnum) do
6: if (((Pi ≥ Pi−1) & &(Ti > Ti−1)) ‖ ((Pi < Pi−1) & &(Ti ≤

Ti−1))) then
7: Ti+1 = Ti + 1

8: else
9: Ti+1 = Ti − 1

10: end if
11: i = i + 1

12: end while

B. ATW Algorithm

As described in HWA algorithm, its performance depends

on window size T . Substituting equation (2) into equation (4),

we can obtain equation as

H
′
t =

1

T

T∑

i=1

Ht−i+1 +
e
T

T∑

i=1

Et−i+1. (9)

In order to trace the instantaneous condition of channel, T
in 1

T
∑T

i=1 Ht−i+1 should be close to 1. However, to eliminate

the estimation error, T should be close to infinity such that

lim
T→∞

e
T

T∑

i=1

Et−i+1 = 0. (10)

Thus, the time window size T is a key factor to impact the

WA algorithms. In a practical system, it is very challenging to

select a suitable T . Meanwhile, a fixed T does not necessarily

meet the real-time channel information changes in the system.

For a better performance, an ATW algorithm is proposed to

maximize the throughput by adjusting T dynamically.

Assume that Pi is the data rate calculated in the ith time

period which is denoted as Ti. The idea of the ATW algorithm

is presented as follows. First, two time periods T1 and T2

are initialized and the corresponding data rate P1 and P2 are

calculated, respectively. Second, T is dynamically adjusted

by iteratively comparing the data rate and time periods. The

process continues. Finally, the time period converges to a

steady value which is adjusted for the maximum throughput

until the simulation time is over. The details are described in

Algorithm 1.

V. Theoretical Derivation

According to the details of WA algorithms depicted in

subsection IV-A, three algorithms can eliminate randomness

of CEE more or less. However, because of limited AMC

technology, MCS are integers extending from 1 to 29. So

the tiny error of channel estimation value and SINR will lead

to slight effect on MCS, so as to insignificant effect on the

system performance. Thus, in this section we focus on the



theoretical derivation of HWA and SWA algorithms without

MWA algorithm.

Assume the MIMO system above employs a linear mini-

mum mean square error (MMSE) receiver. Because of good

channel condition and low interference between UEs, we can

ignore interference to simplify the analysis. Nr = 1 and the

stream k for UE is 1. Thus equation (1) is adjusted as

y = pHmx + u, (11)

where m is a Nt×1 dimensional precoding matrix. We assume

s = Hm is a Nr × 1 dimensional vector and se = Hem denotes

the channel matrix with CEE.

We solve the simplified problem following the details in

[11] which provides the complex computational process using

MMSE reveiver and the SINR of the target UE for the kth

stream. The MMSE weight is defined as

we = (σ2
0 p2se(se)∗ + σ2)−1σ2

0 p2se. (12)

Because Gaussian white noise covariance is relatively small

and there is a signal gain of p2, we can get σ2 � σ2
0 p2se(se)∗.

Assume Fe = (se(se)∗)−1. Thus equation (12) is simplified as

we ≈ (σ2
0 p2se(se)∗)−1σ2

0 p2se =
Fese

p
. (13)

Define that De and Ie
sel f stand for desired signal component

and self interference between MIMO streams, respectively.

De = diag[(we)∗ps]1×1 = (we)∗ps. (14)

Ie
sel f = (we)∗ps − De = 0. (15)

The received SINR is given out as follows.

S e =
σ2

0De(De)∗

σ2(we)∗σ2(we + σ2
0
Ie

sel f (I
e
sel f )

∗)

=
σ2

0De(De)∗

σ2(we)∗σ2we

=
σ2

0 p2(se)∗(Fe)∗ss∗Fese

σ2(se)∗(Fe)∗Fese . (16)

It is clear from equation (16) that CEE makes SINR smaller,

further reducing the throughput. Therefore, the key of the algo-

rithm performance is that whose SINR is greater. Substituting

equation (6) into (16), the SINR in SWA algorithm is denoted

as

S
′
t =

1

T

T∑

i=1

σ2
0 p2((se)∗(Fe)∗)t−i+1(s)t−i+1(s∗)t−i+1(Fese)t−i+1

σ2((se)∗(Fe)∗)t−i+1(Fese)t−i+1

.

(17)

Taking equation (4) into (16), we can get the SINR in HWA

algorithm.

(S h)
′
t =
σ2

0 p2[ 1
T
∑T

i=1 ((se)∗(Fe)∗)t−i+1](s)t(s∗)t[
1
T
∑T

i=1 (Fese)t−i+1]

σ2[ 1
T
∑T

i=1 ((se)∗(Fe)∗)t−i+1][ 1
T
∑T

i=1 (Fese)t−i+1]
.

(18)

lim
T→∞(S h)

′
t =
σ2

0 p2(se)∗(Fe)∗(s)t(s∗)tFese

σ2(se)∗(Fe)∗Fese . (19)

TABLE I
Numerical results for comparison of S

′
t and (S h)

′
t

Method S
′
t > (S h)

′
t S

′
t ≤ (S h)

′
t

One 19.55% 80.45%

Two 19.56% 80.44%

According to the parameters configuration listed in [12] and

the varying change of channels depicted in Fig. 2, the channel

of UMi scenario changes relatively slowly. So, it is reasonable

to assume channel state condition of UMi scenario remains the

same in a long time as

st = Htm = Him = Hm = s,∀i ∈ R. (20)

lim
T→∞(S h)

′
t =
σ2

0 p2(se)∗(Fe)∗ss∗Fese

σ2(se)∗(Fe)∗Fese . (21)

We deal with equation (17) with equation (20).

S
′
t =

1

T

T∑

i=1

σ2
0 p2((se)∗(Fe)∗)t−i+1ss∗(Fese)t−i+1

σ2((se)∗(Fe)∗)t−i+1(Fese)t−i+1

. (22)

Theorem: For a ∈ Cn×1, b ∈ Cn×1, thus a∗bb∗a ≤ a∗ab∗b.

Proof: see Appendix A.

According to Theorem, we get (S h)
′
t < s∗s and S

′
t < s∗s.

To compare (S h)
′
t and S

′
t , we work on numerical simulation

about randomly scattered points in computer simulation. Two

methods are applied. The first one is that s and se are indepen-

dent zero mean complex Gaussian variables with variance 1.

The second method is that s is the same described as method

one and se = s + e, where e is zero mean complex Gaussian

with variance 0.001.

The simulation results are listed in Table I. S
′
t ≤ (S h)

′
t

accounts for almost 80.5% and S
′
t > (S h)

′
t only occupies

19.5% in both method one and method two. Thus we can

conclude that when channel state condition change slowly,

S
′
t ≤ (S h)

′
t . HWA algorithm is better than SWA algorighm

for slowly varying channel model as UMi.

VI. Simulation Results

In this section, simulation results are presented. Simulation

parameters are described in section III.

A. Comparisons of WA Algorithms

Considering the slow change of UMi channel, we adopt

three WA algorithms in UMi scenario. We assume effective

simulation time is 1000 ms and time window T is 20 ms. The

covariance of e is 0, 1, 3, 5 dB, respectively. Baseline repre-

sents basic configuration without any process for comparison.

Fig. 4 shows that the largest CASE are achieved by HWA

algorithm in all situations. Obviously, SWA is not effective to

mitigate CEE. Through observation of SINR, we can get that

SINR at each step changes rapidly because of fast varying

interference. Under the situation that order of magnitude

of SINR has huge difference, doing average on SINR will

reduce its ability to track the instantaneous character of SINR
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variation, which further degrades the throughput. Moreover,

MWA is slightly better than baseline. Considering flexible

environment of simulation, the factors, such as scheduling,

HARQ and feedback time delay, will affect the performance

of MWA. Meanwhile, MCS is derived after CEE undergoing

a series of process of UE and eNodeB. MWA does little

contribution to eliminate CEE. Thus, HWA is of great help

to eliminate CEE and improve spectrum efficiency.

B. Effects of ATW Algorithm

The window size T can be calculated either on UE side or

on eNodeB side. Without loss of generality, the performance

of the proposed algorithms is only evaluated in UMi and RMa,

which are listed in Table II. Note that the evaluations for

UMa and SMa are ignored because their channel situations

are similar to RMa as shown in Fig. 2.

It is observed that, for UMi scenario, the steady window

size is obtained, which is 18 ms for UE side and 16 ms for

eNodeB side respectively. The corresponding throughput is

maximized, which is better than that of WA algorithm when

T is set to 20 ms. As we can see, the steady T on UE side

is smaller than that on eNodeB side. This is because, for

the UE, the throughput is calculated based only on its own

channel while for the eNodeB, it should consider all its serving

UEs and the channels are much more complicated. The T is

thus chosen to be smaller to maintain maximum instantaneous

condition of all channels for the eNodeB. For RMa scenario,

T = 1 ms stands for that its channel changes rapidly and the

instantaneous character of channel is more important than the

impact of CEE. This result also support the discussion about

RMa>UMi presented above.

VII. Conclusion

Three WA algorithms on the basis of channel estimation

value, SINR and MCS respectively are proposed. Among

them, HWA is confirmed to compensate the impact of CEE

and achieve the best performance through both theoretical

derivation and simulation. In order to obtain the greatest

TABLE II
Simulation results of the adaptive time window algorithm

Scenario UMi RMa

Statistic unit UE eNodeB UE eNodeB

CASE (bit/s/Hz) 1.9599 1.9678 1.5409 1.5409

T in steady state 18 ms 16 ms 1 ms 1 ms

benefit from HWA, an ATW algorithm is derived which can

adjust the window size T dynamically according to radio

channel conditions.
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Appendix

We quota two Lemmas for Proof of Theorem first.

Lemma 1: Assume A = (ai j)m×n ∈ Cm×n, thus |A|F =
(
∑m

i=1

∑n
j=1 (|ai j|2))

1
2 = (tr(A∗A))

1
2 is Frobenius norm (one of

matrix norm) on Cm×n and we have |Ax|2 ≤ |A|F |x|2.

Lemma 2: For A ∈ Cm×n, B ∈ Cm×l, C ∈ Cm×l, |A|, |B| and

|AB| are matrix norms derived through the same rules. They

meet condition that |AB| ≤ |A||B|.
According to Lemma 1, |a|2F = tr(a∗a), |b|2F = tr(b∗b) and

|b∗a|2F = tr((b∗a)∗b∗a).

Because of a ∈ Cn×1, b ∈ Cn×1, a∗a ∈ C1×1, b∗b ∈ C1×1, and

(b∗a)∗b∗a ∈ C1×1, thus we get that as follows.

|a|2F = tr(a∗a) = a∗a;

|b|2F = |b∗|2F = tr(b∗b) = b∗b;

|b∗a|2F = tr((b∗a)∗b∗a) = (b∗a)∗b∗a.

According to lemma 2, |b∗a|F ≤ |a|F |b∗|F = |a|F |b|F , Thus

a∗bb∗a = (b∗a)∗b∗a ≤ a∗ab∗b. The proof of Theorem is

completed.
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Abstract— Frequency Selective Scheduling (FSS) is a prominent 
characteristic in 3GPP LTE systems. Frequency scheduling 
depends on Channel Quality Indicator(CQI) feedback report by 
mobile station. CQI being control information must use minimal 
bits maintaining the performance of system. This paper 
recommends a new CQI feedback method which uses existing 
schemes for improvement of performance of system. It throws 
light on enhancing throughput of Distributed Haar scheme with 
suitable usage of Best-M scheme. Proposed technique improves 
throughput while maintaining overhead reduction achieved by 
Haar compression schemes. Performance results indicate 
noticeable rise in throughput of the system as compared to 
Distributed Haar technique.  
 
Keywords— 3GPP LTE CQI, LTE uplink feedback, Distributed 
Haar feedback, Best-M feedback. 

I. INTRODUCTION 
This 3GPP Long Term Evolution(LTE) adopts interesting 

OFDMA air interface for proper management of available 
spectrum [1]. OFDMA permits simultaneous downlink 
transmission on different frequency channels for different 
users. e-NodeB (base station) schedules users for allotment of 
frequency channels. Each frequency channel is group of 
subcarriers known as sub-band. This frequency scheduling 
requires channel quality information from every user. 

 Channel Quality Indicator (CQI), an integer value ranging 
from 1 to 15, indicates quality of each sub-band by computing 
its SINR value [2]. This CQI-SINR mapping could also 
consider multipath delay spread [3]. Reference signals are 
transmitted from time to time by e-NodeB to user equipment 
for CQI measurement. UE sends back CQI value to e-NodeB 
with one of the feedback method [4]. CQI feedback 
information being the control information, must use minimum 
possible bits. Use of lower number of  bits which could be 
achieved by feedback of partial information, leads to 
declination of average throughput of the system [5]. A balance 
has to be struck between overhead bits and throughput of the 
system. 

Many CQI feedback methods have been proposed which 
could be broadly categorized as full band & sub-band methods 
[6]. In full band methods, CQI for entire bandwidth is fed 
back to e-NodeB. For this, certain compression scheme was 
also been used [7]-[8]. Sub-band methods transmit partial CQI 
information to e-NodeB. Best-M individual method, one of 
the sub-band method, transmits best M CQI values along with 
average CQI value of remaining bands [9]-[10]. Another 
method employs haar compression in distributed fashion with 

best-M individual method [11]. Both these methods have been 
used for hybrid method.    

This paper is structured as follows : Section II explains 
best-M individual & distributed haar best-M individual 
methods. Limitation of distributed haar best-M individual 
method is detailed in section III. Proposed method is 
explained in section IV. Analysis of this method is 
investigated in section V. This work is concluded in section 
VI.  

II. BEST-M INDIVIDUAL & DISTRIBUTED HAAR 

A. Best-M Individual 
Best-M individual is perhaps the best feedback amongst 

sub-band schemes as far as balance between throughput & 
overhead reduction is concerned. In this method, best M CQI 
values are fed back along with average CQI of remaining 
bands. Value of M doesn’t exceed one-third of the total active 
bands. Label indicating M bands which are reported is also 
fed back.  

B. Distributed Haar Best-M individual 
This feedback method was proposed for overhead reduction. 

In this method, all active sub-bands were divided into odd & 
even groups. For each of the group, best M CQI values were 
separated out. Haar transform was applied on array of these 
best M values. Transformed Haar coefficients  were quantized 
& allotted variable length code words. More bits were allotted 
for approximate (first) coefficient while lesser bits were 
allotted to remaining coefficients. This statistical distribution 
which is explored in quantization process, forms the basis for 
overhead reduction. Moreover, distributed fashion of reporting 
allows lower M which in turn allows lesser number of CQI 
values to be transmitted in each reporting interval. Hence this 
method reduces overhead as compared to best-M individual 
method. 

III. LIMITATION OF DISTRIBUTED HAAR BEST-M 
INDIVIDUAL SCHEME 

In [11], it was shown that throughput for distributed haar 
scheme was more than other feedback schemes at around 10 
bits/TTI. However for a particular reporting interval (RI) best-
M individual scheme provides better throughput over 
distributed haar scheme. Although distributed haar scheme 
provides overhead reduction up-to 10bits/TTI, it fails to 
provide better throughput, when it comes to comparison with 
other schemes at a particular reporting interval. This limitation 
of distributed haar is explored here. 
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 Limitation of distributed haar feedback scheme lies in 
grouping of CQI values prior to selection of best-M values. 
This could be explained considering an example. Consider 10 
sub-bands with CQI values as shown: 

 
Sub-band 
Number 

1 2 3 4 5 6 7 8 9 10 

CQI value 13 12 14 10 5 8 8 7 4 5 
 
 Let us apply above explained distributed haar scheme with 

M=3. Thus it first divides bands into even and odd groups. 
 

13 14 5 8 4 
  

12 10 8 7 5 
 
Applying Best-M individual with M=3 for each group, 

following set of values are to be transmitted. 
 

14 13 8 
 

12 10 8 
 
Haar compression is applied on these values and are  

transmitted separately in two consecutive reporting intervals. 
 
Now applying Best-M individual on same 10 bands with 

M=4 we have  
 

14 13 12 10 
 
As observed lower CQI values such as 8 are part of 

distributed haar scheme whereas these values are avoided in 
best-M individual scheme , lowest value being 10.  

After scheduling at e-NodeB, user equipment (UE) might 
carry out its downlink data transmission on channels with one 
of  lower CQI values, as in case of distributed haar scheme. 
Due to this, throughput offered for distributed haar scheme 
could be lower than that for best-M individual scheme. 

This explanation shows that best M band values need not 
be the only values to be part of feedback in case of distributed 
haar scheme. Some lower CQI values may be part of this 
feedback.   

IV. HYBRID  FEEDBACK METHOD 
In this method, best M bands are first separated out from all 

bands to be reported. Then these bands are distributed in two 
groups & transmitted after haar compression.  

The step by step hybrid method can be summarized as 
follows: 
1. Get the full CQI report (CQI for all bands) & get value of 

M which is decided by eNodeB. 
2. Separate out top M CQI values. 
3. Divide these values into two groups so as to transmit in 

distributed fashion. 
4. Get average CQI of unreported bands for each group. 

5. Apply haar transformation on both these groups. Details 
of haar transformation on CQI array are given in [11]. 

6. Transmit these groups in two consecutive reporting 
intervals along with their labels. 

 
The key point in this method is to apply best-M individual 

method first & then apply haar compression as against 
distributed haar best-M individual method which uses the 
other way round approach. 
 
Consider an example for method with M=4 & 10 sub-bands. 
 

Sub-
band 
Number 

1 2 3 4 5 6 7 8 9 10 

CQI 
value 

12 2 4 13 5 11 8 9 14 6 

 
Separating out top 4 CQI values 
 

Sub-
band 
Number 

9 4 1 6 

CQI 
value 

14 13 12 11 

 
Divide into odd & even groups and also compute average 

CQI for unreported bands. 
 

Sub-band 
Number 

9 1 Average 
CQI of 
unreported 
bands 

CQI value 14 12 7 
 
 
 

Sub-band 
Number 

4 6 Average 
CQI of 
unreported 
bands 

CQI value 13 11 7 
 

Apply haar transformation on these groups & trsnsmit in 
two reporting intervals along with labels indicating location of 
bands in each group. 
 

V. PERFORMANCE ANALYSIS FOR HYBRID 
FEEDBACK  METHOD 

Hybrid method could be analysed depending on number of 
best M bands reported. Specifically, M above & below certain 
value leads to different behaviour of this method. Throughput 
for various feedback methods was compared with hybrid 
method as part of performance analysis. Various parameters 
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considered for simulation are shown below. Performance 
simulation was done for 3kph & 15kph UE speed’s. 

 
 

 
Table I: SIMULATION PARAMETERS 

Parameters Values 

System bandwidth 10 MHz 

RB  bandwidth 180 kHz 

Carrier frequency 2 GHz 

Scheduler Proportional 
Fair 

Number of TX 
antennas 

1 

Number of Rx 
antennas 

2 

Channel model Pedestrian B 

UE speed 3km/h, 
15km/h 

CQI feedback 
delay 

2 TTIs 

FFT size 1024 

Number of sub-
carriers 

600 

Target BLER 10% 

 
 
Value of M is decided by e-NodeB for each of its users 

considering various factors. Performance of hybrid scheme 
depends on value of M. 

 

A. Lower M (less than 6) 
Number of minimum bands reported in single reporting 

interval for distributed haar best-M individual scheme 
generally are 3. Hence for schemes with best bands lesser than 
6 provide lesser throughput for distributed scheme than hybrid 
scheme. For 3 bands in each reporting interval, total 6 bands 
are reported by distributed haar scheme & hybrid scheme. If 
best M CQI bands are less than 6, then distributed haar would 
report even low CQI values along with best M values, as 
explained in section III. The limitation of distributed haar 
scheme explained in section III finds its place in this case. It 
was observed that hybrid method provided better throughput 
than distributed haar scheme in this case. Hence maintaining 
the overhead reduction by distributed haar scheme, its 
throughput was seen to do better.  
 
 
 

3 kph 

 
 

15 kph 
 

 
Figure 1: Throughput comparison for UE speeds of 3kph & 15kph for lower 
M (less than 6) 

 
 

B. Higher M (higher than equal to 6) 
 
For best M CQI bands greater than 6, there is a higher 

probability that distributed haar scheme would have only best 
M values as a part of its feedback. However, this depends on 
order of occurrence of these values, as even & odd grouping is 
done prior to haar transformation. It was hence observed that 
hybrid method provided smaller improvement in throughput 
over distributed haar method, as compared to the previous 
case. 

 
 
 
 
 
 
 
 



                 International Journal of Engineering Trends and Technology (IJETT) – Volume 4 Issue 10 - Oct 2013 

ISSN: 2231-5381                    http://www.ijettjournal.org                                                  Page 4549 
  

 
 
 

3 kph 

 
 
 

15 kph 

 
Figure 2: Throughput comparison for UE speeds of 3kph & 15kph for higher 
M (greater than equal to 6) 

 
 

 
 
 
 
 
 
 

VI. CONCLUSIONS 
This paper proposes a new hybrid CQI feedback method for 

LTE systems. This method used best M individual & 
distributed haar best M individual method for its formation. 
This method primarily aimed at improving the existing 
distributed haar method. The limitation of distributed haar 
method was analyzed in this paper & hybrid method was 
suggested to overcome that limitation. Application of best M 
individual method first & then haar compression forms the 
basis for hybrid method. It was shown that proposed method 
improves throughput of distributed haar method under 
different values of M. It was also shown that hybrid method 
responded differently for two different ranges of M. As hybrid 
method used distributed haar scheme, it maintained the 
overhead reduction, at the same time it improved throughput. 
Thus hybrid method was seen as one of the best balance 
between overhead reduction & throughput.  
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