DECLARATION OF JUNE ANN MUNFORD

LGE 1011



1. My name is June Ann Munford. 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 Appendix CV.

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.

. 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
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.

. 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
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that an item’s 008 field accurately indicates the date of an item’s public

availability.

. ' have reviewed Exhibit LGE1006, “Signal Shaping by Non-Uniform QAM
for AWGN Channels and Applications Using Turbo Coding” by Dirk
Sommer and Gerhard P. Fettweis as published in Proceedings of
International ITG Conference on Source and Channel Coding, January
2000, pp. 81-86. A copy of this article can be obtained easily on the
Internet. For example, after searching for the article title and Professor
Gerhard P. Fettweis’s name in Google, I was able to access the list of
publications of Professor Gerhard P. Fettweis on the vodafone-chair.org

website (https://www.vodafone-chair.org/publications - as shown in the

webpage snapshot below). As can be seen, item 1151 lists the same article,
which was listed under the year 2000 section on the publications page.
Upon clicking on the “Get PDF” link, [ am directed to a web page (address

https://www.vodafone-chair.org/pbls/legacy/d-

sommer/Signal Shaping by Non-

Uniform QAM for AWGN Channels and Applications Using Turbo Co

ding.pdf’) that produces an identical copy to the article in LGE1006. I have

included a copy of this article as Appendix SOMMEROI.



D @ Publications - Viodafone Chair fo X + -

<

< Back

1. Publications

[ T T U T Y T S Y O T R

28] £U

C mw

[ https://www.vodafone-chair.org/publications AD b 03 T Mot syncing 3

Search

[1148] H. Herbrig, L. Lundheim, N.K. Rossing, T. Hentschel, M.-H. Silly, Y. Rosmansyah and
R. Thiruvathirai, "The SORT Project - Software-Radio Demonstration,” in Proceedings
of Karlsruhe Workshop on Software Radios (KWS 2000), Karlsruhe, Germany,

Mar 2000. Get PDF. Show BibTeX.

[1149] A. Noll Barreto and G. Fettweis, “Performance Improvement in DS-Spread Spectrum
CDMA Systems Using Pre- and Post-Rake,” in Proceedings of International Zurich
Seminar on Communications (IZS 2000), Zurich, Switzerland, Feb 2000. DOI-10.1109/17

SBC.2000.829226. Get PDF. Show BibTeX.
[1150] J. Kihne, A. Nahler, M. Hosemann, G. Fettweis, G. Kovacs and G. Riha, "A

Demonstrator for a Low Cost CordlessMultl—Carrler Spread-Spectrum System,” in
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47, no. 1, Jan 2000. DO/:10.1109/58.818748. Get PDF. Show BibTeX.
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Signal Shaping by Non-Uniform QAM for
AWGN Channels and Applications Using
Turbo Coding

Dirk Sommer and Gerhard P. Fettweis
Dresden University of Technology, Germany
Email: sommer@ifn.et.tu-dresden.de

Abstract: A non-uniform signal set constella-
tion is used in order to provide shaping gain.
An approximately Gaussian distribution of the
transmitter output signal is achieved by using
equally likely signal points with unequal spac-
ing. In this way it is possible to obtain shaping
gain without any additional computational ef-
fort. The method is also applicable when bit in-
terleaved coded modulation in conjunctionwith
parallel decoding of the individual bit levels is
used.

probability. Therefore we arrange the points in a way
that a Gaussian distribution of the output signal at
the transmitter results, i.e., using more points at the
lower power levels and less at higher.

It is shown that for higher order modulation schemes
using these constellations, shaping gains in the or-
der of 1dB are possible. Furthermore, it is demon-
strated that the method provides similar gain when
bit-interleaved coded modulation (BICM), recently in-
troduced by Caire et. al [9], in conjunction with Gray
labeling and simple parallel decoding of the different
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Snapshot of article produced on the web page (https:// www.vodafone-

chair.org/pbls/legacy/d-sommer/Signal Shaping by Non-

Uniform QAM for AWGN Channels and Applications Using Turbo Coding.p

df ) when the “Get PDF” link was selected in the page reproduced above; last

visited November 26, 2022

7. Attached hereto are APPENDICES SOMMERO02-SOMMERO06 which are
copies of publications of technical conference proceedings and journals from
2003-2007. Each of the publications in APPENDICES SOMMERO02-
SOMMERO6 cite to the article in LGE1006. The authors of these
publications are located in different parts of the world including Beijing,
China, Pasadena, CA, Newcastle Upon Tyne, United Kingdom, and Tel

Aviv, Israel. The variation in the authors, universities, dates, and locations
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of these publications that all cite to the article in LGE1006 indicate to me

that the article in LGE1006 was publically available at least as of 2003.

8. In addition to the technical publications, I also located numerous patent
documents, such as U.S. Patent No. 9,036,694! invented by Zhou et al. in
Beijing, China, U.S. Patent No. 10,003,436 invented by Tosato et al. in
Tokyo, Japan, and U.S. Patent No. 7,978,777° invented by Barsoum et al. in
Pasadena, CA, USA, each of which also cite to the article in LGE1006.
Again, the variation in the inventors and their respective locations indicate to

me that the article in LGE1006 was globally available to the public.

I'U.S. Patent No. 9,036,694 is available at

https://patentimages.storage.googleapis.com/bd/29/fa/08e519e430335a/US9036694

-pdf

2 U.S. Patent No. 10,003,436 is available at

https://patentimages.storage.googleapis.com/98/52/0b/da95f41525a6a9/US1000343

6.pd

3 U.S. Patent No. 7,978,777 is available at

https://patentimages.storage.googleapis.com/2b/d2/c0/efec1b56e7907t/US7978777

-pdf



9. I'have reviewed Exhibit 1008, DVB - The Family of International Standards

for Digital Video Broadcasting edited by Ulrich Reimers, 2" Edition.

10.Attached hereto as Appendix REIMERSO1 is a true and correct copy of the
MARC record for DVB - The Family of International Standards for Digital
Video Broadcasting as held by the University of Pittsburgh library. I secured
this record myself from the library’s public catalog. The MARC record
contained within Appendix REIMERSO1 accurately describes the title,
author, publisher, and ISBN number of DVB - The Family of International

Standards for Digital Video Broadcasting.

11.Attached hereto as REIMERSO02 are selections from DVB - The Family of
International Standards for Digital Video Broadcasting as held by the
University of Pittsburgh’s library. I secured these scans myself from the
University of Pittsburgh library. In comparing Exhibit 1008 to Appendix
REIMERSO2, it is my determination that Exhibit 1008 is a true and correct
copy of DVB - The Family of International Standards for Digital Video

Broadcasting 2™ Edition.



12.The 008 field of the MARC record in Appendix REIMERSOI indicates the
date of record creation. The 008 field of Appendix REIMERSO1 indicates
the University of Pittsburgh library first acquired this book as of July 3,
2003. Considering this information, it is my determination that DVB - The
Family of International Standards for Digital Video Broadcasting was made

available to the public shortly after its initial acquisition in July 2003.

13.1 have reviewed Exhibit 1015, “Channel Coding with Multilevel/Phase
Signals” by Gottfried Underboeck as published in /EEE Transactions on

Information Theory, January 1982.

14.Attached hereto as Appendix UNDERBOECKUO] is a true and correct copy
of the MARC record for IEEE Transactions on Information Theory as held
by the Penn State University library. I secured this record myself from the
library’s public catalog. The MARC record contained within Appendix
UNDERBOECKUO1 accurately describes the title, author, publisher, and
ISSN number of IEEE Transactions on Information Theory. The
‘Availability’ field of this record visible on page 4 indicates this collection
includes the January 1982 edition of IEEE Transactions on Information
Theory containing “Channel Coding with Multilevel/Phase Signals™. In

comparing Exhibit 1015 to Appendix UNDERBOECKOI, it is my
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determination that Exhibit 1015 is a true and correct copy of “Channel
Coding with Multilevel/Phase Signals” by Gottfried Underboeck as

published in IEEE Transactions on Information Theory January 1982.

15.The 008 field of the MARC record in Appendix UNDERBOECKO1
indicates the date of record creation. The 008 field of Appendix
UNDERBOECKOI indicates the Penn State library first acquired this journal
as of May 14, 1982 and held the journal in perpetuity until 2006.
Considering this information, it i1s my determination that /EEE Transactions
on Information Theory January 1982 and therefore “Channel Coding with
Multilevel/Phase Signals™ was made available to the public shortly after its

initial release in Winter 1982.

16.1 have reviewed Exhibit 1016, “Signal Constellation Design Tool: A Case
Study in User Interface Synthesis” by Gabriel Robins as published in
Proceedings of the 1989 International Conference on Computer Assisted

Learning.

17.Attached hereto as Appendix ROBINSOI is a true and correct copy of the
MARC record for Proceedings of the 1989 International Conference on

Computer Assisted Learning as held by the Penn State University library. I
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secured this record myself from the library’s public catalog. The MARC
record contained within Appendix ROBINSO1 accurately describes the title,
author, publisher, and ISBN number of Proceedings of the 1989
International Conference on Computer Assisted Learning. In comparing
Exhibit 1016 to Appendix ROBINSO1, it is my determination that Exhibit
1016 is a true and correct copy of “Signal Constellation Design Tool: A
Case Study in User Interface Synthesis as published in Proceedings of the
1989 International Conference on Computer Assisted Learning by Gabriel

Robins.

18.The 008 field of the MARC record in Appendix ROBINSO1 indicates the
date of record creation. The 008 field of Appendix ROBINSO1 indicates the
Penn State University library first acquired these proceedings as of July 24,
1989. Considering this information, it is my determination that Proceedings
of the 1989 International Conference on Computer Assisted Learning and
therefore “Signal Constellation Design Tool: A Case study in User Interface
Synthesis” was made available to the public shortly after its initial

acquisition in July 1989.

19.1 have reviewed Exhibit EX1021, Digital Communications by J. G. Proakis,

4th Edition.

10
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20.Attached hereto as Appendix PROAKISO1 is a true and correct copy of the
MARC record for Digital Communications as held by the Penn State
University library. I secured this record myself from the library’s public
catalog. The MARC record contained within Appendix PROAKISO1
accurately describes the title, author, publisher, and ISBN number of Digital

Communications.

21.Attached hereto as Appendix PROAKIS02 are selections from Digital
Communications by J.G. Proakis, 4th Edition. I secured these scans myself
from the Penn State University library’s collection. In comparing Exhibit
EX1021 to Appendix PROAKISO02, it is my determination that Exhibit
EX1021 1s a true and correct copy of Digital Communications by J. G.

Proakis, 4th Edition.

22.The 008 field of the MARC record in Appendix PROAKISO1 indicates the
date of record creation. The 008 field of Appendix PROAKISO1 indicates
that the Penn State University library first acquired this book as of
November 16, 2000. Considering this information, it is my determination
that Digital Communications was made available to the public shortly after

its initial acquisition in Winter 2000.

11
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23.1 have reviewed Exhibit LGE1014, “Turbo-coded APSK Modulations
Design for Satellite Broadband Communications” by R. De Gaudenzi, A.
Guillen I Fabregas and A. Martinez as published in International Journal of

Satellite Communications and Networking, July/August 2006.

24.Attached hereto as Appendix DEGAUDENZIOL1 is a true and correct copy of
the MARC record for International Journal of Satellite Communications
and Networking as held by the Penn State University library. I secured this
record myself from the library’s public catalog. The MARC record
contained within Appendix DEGAUDENZIO1 accurately describes the title,
author, publisher, and ISSN number of International Journal of Satellite
Communications and Networking. The ‘Dates of Publication and/or
Sequential Designation’ field of this record visible on page 2 indicates this
collection includes the July/August 2006 edition of International Journal of
Satellite Communications and Networking containing “Turbo-coded APSK
Modulations Design for Satellite Broadband Communications” by R. De

Gaudenzi, A. Guillen I Fabregas and A. Martinez.

25.Attached hereto as Appendix DEGAUDENZIO2 is a true and correct copy of
“Turbo-coded APSK Modulations Design for Satellite Broadband

Communications,” as published in International Journal of Satellite

12
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Communications and Networking. I secured this PDF copy myself from
Penn State University’s digital collection. In comparing Exhibit LGE1014 to
Appendix DEGAUDENZI02, it is my determination that Exhibit LGE1014
is a true and correct copy of “Turbo-coded APSK Modulations Design for
Satellite Broadband Communications” by R. De Gaudenzi, A. Guillen I
Fabregas and A. Martinez as published in International Journal of Satellite

Communications and Networking July/August 2006.

26.The 008 field of the MARC record in Appendix DEGAUDENZIO1 indicates
the date of record creation. The 008 field of Appendix DEGAUDENZIO1
indicates the Penn State University library first acquired this journal as of
October 21, 2002 and holds the journal in perpetuity since that date.
Considering this information, it is my determination that International
Journal of Satellite Communications and Networking July/August 2006 and
therefore “Turbo-coded APSK Modulations Design for Satellite Broadband
Communications” was made available to the public shortly after its initial

release in Summer 2006.

27.1 have been retained on behalf of the Petitioner to provide assistance in the
above-illustrated matter in establishing the authenticity and public

availability of the documents discussed in this declaration. I am being

13
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compensated for my services in this matter at the rate of $100.00 per hour
plus reasonable expenses. My statements are objective, and my

compensation does not depend on the outcome of this matter.

28.1 declare under penalty of perjury that the foregoing is true and correct. 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 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.
Dated: 11/28/2022

FAR

June Ann Munford

14
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APPENDIX CV

16



J. Munford
Curriculum Vitae

Education

University of Wisconsin-Milwaukee - MS, Library & Information Science, 2009
Milwaukee, WI

e Coursework included cataloging, metadata, data analysis, library systems,
management strategies and collection development.
e Specialized in library advocacy, cataloging and public administration.

Grand Valley State University - BA, English Language & Literature, 2008
Allendale, MI

e Coursework included linguistics, documentation and literary analysis.
e Minor in political science with a focus in local-level economics and
government.

Professional Experience

Researcher / Expert Witness, October 2017 — present
Freelance e Pittsburgh, Pennsylvania & Grand Rapids, Michigan

e Material authentication and public accessibility determination.
Declarations of authenticity and/or public accessibility provided upon

research completion. Experienced with appeals and deposition process.

e Research provided on topics of public library operations, material
publication history, digital database services and legacy web resources.

e Past clients include Alston & Bird, Arnold & Porter, Baker Botts, Fish &
Richardson, Erise IP, Irell & Manella, O'Melveny & Myers, Perkins-Coie,
Pillsbury Winthrop Shaw Pittman and Slayden Grubert Beard.

Library Director, February 2013 - March 2015
Dowagiac District Library @ Dowagiac, Michigan

e Executive administrator of the Dowagiac District Library. Located in

17



Southwest Michigan, this library has a service area of 13,000, an annual
operating budget of over $400,000 and total assets of approximately
$1,300,000.

e Developed careful budgeting guidelines to produce a 15% surplus during
the 2013-2014 & 2014-2015 fiscal years while being audited.

e Using this budget surplus, oversaw significant library investments
including the purchase of property for a future building site, demolition of
existing buildings and building renovation projects on the current facility.

e [ ed the organization and digitization of the library's archival records.

e Served as the public representative for the library, developing business
relationships with local school, museum and tribal government entities.

e Developed an objective-based analysis system for measuring library
services - including a full collection analysis of the library's 50,000+
circulating items and their records.

November 2010 - January 2013
Librarian & Branch Manager, Anchorage Public Library e Anchorage, Alaska

e Headed the 2013 Anchorage Reads community reading campaign
including event planning, staging public performances and creating
marketing materials for mass distribution.

® Co-led the social media department of the library's marketing team,
drafting social media guidelines, creating original content and instituting
long-term planning via content calendars.

e Developed business relationships with The Boys & Girls Club, Anchorage
School District and the US Army to establish summer reading programs for
children.

June 2004 - September 2005, September 2006 - October 2013

Library Assistant, Hart Area Public Library
Hart, MI

® Responsible for verifying imported MARC records and original MARC

18



cataloging for the local-level collection as well as the Michigan Electronic
Library.

e Handled OCLC Worldcat interlibrary loan requests & fulfillment via
ongoing communication with lending libraries.

Professional Involvement

Alaska Library Association - Anchorage Chapter
® Treasurer, 2012

Library Of Michigan
e [ evel VII Certification, 2008
e Level II Certification, 2013

Michigan Library Association Annual Conference 2014
e New Directors Conference Panel Member

Southwest Michigan Library Cooperative
e Represented the Dowagiac District Library, 2013-2015

Professional Development

Library Of Michigan Beginning Workshop, May 2008

Petoskey, M1
e Received training in cataloging, local history, collection management,
children’s literacy and reference service.

Public Library Association Intensive Library Management Training, October 2011
Nashville, TN
e Attended a five-day workshop focused on strategic planning, staff
management, statistical analysis, collections and cataloging theory.

Alaska Library Association Annual Conference 2012 - Fairbanks, February 2012
Fairbanks, AK
e Attended seminars on EBSCO advanced search methods, budgeting,
cataloging, database usage and marketing.
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Depositions

2019 e Fish & Richardson
[PR Petitions of 865 Patent, Apple v. Qualcomm (IPR2018-001281 /
39521-004211P & IPR2018-01282 / 39521-004211P2)

2019 e Erise IP
Implicit, LLC v. Netscout Systems, Inc (Civil Action No. 2:18-cv-53-JRG)

2019 e Perkins-Coie

Adobe Inc. v. RAH Color Technologies LLC (Cases IPR2019-00627,
[PR2019-00628, IPR2019-00629 and IPR2019-00646)

2020 e O’Melveny & Myers
Maxell, Ltd. v. Apple Inc. (Case 5:19-cv-00036-RWS)

2021 e Pillsbury Winthrop Shaw Pittman LLP
Intel v. SRC (Case IPR2020-1449)

Limited Case History & Potential Conflicts

Alston & Bird
e Nokia (v. Neptune Subsea, Xtera)

Arold & Porter
e [vantis (v. Glaukos)

Erise 1.P.
e Apple
v. Future Link Systems (IPRs 6317804, 6622108, 6807505, and
7917680)
v. INVT

v. Navblazer LLC (Case No. [PR2020-01253)
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v. Qualcomm (IPR2018-001281, 39521-004211P, IPR2018-01282,
39521-004211P2)

v. Quest Nettech Corp, Wynn Technologies (Case No. [PR2019-
00XXX, RE. Patent Re38137)

e Fanduel (v CGT)

e Garmin (v. Phillips North America LLC, Case No. 2:19-cv-6301-AB-KS
Central District of California)

e Netscout
v. Longhorn HD LLC)
v. Implicit, LLC (Civil Action No. 2:18-cv-53-JRG)
e Sony Interactive Entertainment LLC
v. Bot M8 LLC
v. Infernal Technology LLC
e Unified Patents (v GE Video Compression, Civil Action No. 2:19-cv-248)

Fish & Richardson
e Apple
v. LBS Innovations

v. Masimo (IPR 50095-0012IP1, 50095-00121P2, 50095-00131P1,
50095-00131P2, 50095-00061P1)

v. Neonode

v. Qualcomm (IPR2018-001281, 39521-004211P, IPR2018-01282,
39521-004211P2)

e Dish Network
v. Realtime Adaptive Streaming, Case No 1:17-CV-02097-RBJ)
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v. TQ Delta LLC
e Huawei (IPR 76933211)
e Kianxis

e LG Electronics (v. Bell Northern Research LLC, Case No. 3:18-cv-2864-
CAB-BLM)

e Metaswitch

e MLC Intellectual Property (v. MicronTech, Case No. 3:14-cv-03657-SI)
e Realtek Semiconductor

e Quectel

e Samsung (v. Bell Northern Research, Civil Action No. 2:19-cv-00286-
JRG)

e Texas Instruments
Irell & Manella
e Curium

O’Melveny & Myers
e Apple (v. Maxell, Case 5:19-cv-00036-RWS)

Perkins-Coie

e TCL Industries (v. Koninklijke Philips NV, PTAB Case Nos. IPR2021-
00495, IPR2021-00496, and IPR2021-00497)

Pillsbury Winthrop Shaw Pittman
e Intel (v. FG SRC LLC, Case No. 6:20-cv-00315 W.D. Tex)
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Signal Shaping by Non-Uniform QAM for
AWGN Channels and Applications Using
Turbo Coding

Dirk Sommer and Gerhard P. Fettweis
Dresden University of Technology, Germany
Email: sommer@ifn.et.tu-dresden.de

Abstract: A non-uniform signal set constella-
tion is used in order to provide shaping gain.
An approximately Gaussian distribution of the
transmitter output signal is achieved by using
equally likely signal points with unequal spac-
ing. In this way it is possible to obtain shaping
gain without any additional computational ef-
fort. The method is also applicable when bit in-
terleaved coded modulation in conjunction with
parallel decoding of the individual bit levels is
used.

Keywords - Channel -capacity, entropy,
quadrature amplitude modulation, error cor-
rection coding.

I. INTRODUCTION

From information theory it is known that, in addi-
tion to coding gain, shaping gain can be obtained if the
amplitude of the transmitter output follows a Gaussian
distribution.

In most cases, a uniform QAM constellation together
with different probabilities for each signal point is used
to provide shaping gain. The idea has been investi-
gated in [1]. Other examples are trellis shaping [2],
the use of prefix codes {3], or similar, subdivision of
the signal constellation into variable-size regions [4].
Recently, shaping also has been used in conjunction
with multilevel coding/multistage decoding [5]. While
trellis shaping requires an additional Viterbi-algorithm
at the transmitter but maintains a fixed data rate, the
approaches in [3;4] are conceptually simpler but pos-
sibly impractical since the non-constant data rate may
involve buffer over- or underrun. Also, resynchronisa-
tion has to be carried out frequently in this case to
avoid catastrophic error propagation.

Non-uniform (NU) signal point constellations have
a long tradition, e.g., in order to create a signal set for
hierarchical (rate adaptive) transmission [6; 7], some-
times also called multiresolution modulation. An ap-
proach to use an asymmetric coded-modulation scheme
in order to optimize trellis coding has been presented
in [8].

In this paper we make use of a non-uniform signal
point constellation in order to obtain shaping gain.
Contrary to other approaches to signal shaping, each
signal point is assumed to be chosen with the same

probability. Therefore we arrange the points in a way
that a Gaussian distribution of the output signal at
the transmitter results, i.e., using more points at the
lower power levels and less at higher.

It is shown that for higher order modulation schemes
using these constellations, shaping gains in the or-
der of 1dB are possible. Furthermore, it is demon-
strated that the method provides similar gain when
bit-interleaved coded modulation (BICM), recently in-
troduced by Caire et. al [9], in conjunction with Gray
labeling and simple parallel decoding of the different
bit levels is used. Finally, some examples using turbo
coding over the AWGN channel are given in order to
verify that the principle works when used with com-
mon coding schemes.

In the following, all considerations regarding the
channel capacity are made with respect to amplitude
shift keying (ASK). This can of course simply be ex-
tended to QAM by adding a second dimension.

The transmission model is depicted in Fig. 1. The
info bits di are first coded and bitwise interleaved.
Then m interleaved coded bits zg,Z1,..., Tm-1 are
mapped onto a symbol a; € 4 of the signal space using
uniform or non-uniform ASK with Gray labeling. The
symbol a; passes a memoryless white Gaussian noise
channel, and y is received.

Bits d, | Turbo
Coder

Bitwise
Inter-
leaver

| Gray-

y r
XoXir Xy | (NU)-ASK | 81, |AWGN | ¥
| Mapper {Channel

Figure 1. Transmission model

T1. SHAPING PRINCIPLE

A. Signal set constellation

In order to find a signal set with the desired prop-
erties, an empirical approach can be made as follows.
Each point of the signal constellation is assumed to be
chosen with the same probability, and we want the out-
put of the transmitter to give an approximately Gaus-
sian distribution. Therefore, using N-ASK, N = 2™,
we split the Gaussian cumulative distribution function
(CDF) into N sections of equal probability, i.e., the or-
dinate of the CDF is partitioned into N equal parts.
Since each signal point shall represent exactly one of
the sections, each signal point (placed on the abscissa)
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will be chosen such that the corresponding probability
is exactly in the middle of a section.
In other words, the points u; on the abscissa of the
2
Gaussian PDF f,(u) = \/%Z—We*T (to be approximated)
will be chosen such that

i u?
—e" 2 du = p; 1
| = ; (1)
for pj € {5, 33+ - 251 }. Fig. 2(a) illuminates the
procedure. Finally the u; are normalized by a factor
h, a; = hu; ,such that the average power of the trans-

mitted signal is one

4

N-1

2 _
Y =1
j=0

Alternatively, it has been tried to find the points u; by
calculating the mean of each probability section, i.e.,
up =N fu“a” ufy(u)du, where u, and u, are the limits
of the current section, but the results did not change
significantly.

Fig. 2(b) illustrates how the Gaussian CDF is ap-
proximated. The corresponding PDF consists of §-
functions of height 1/N at locations u;. Signal points
values for various ASK constellations are listed in the
Appendix.

! (2)

=|

B. Peak-to-average power ratio expansion
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Figure 2. Signal set constellation

Table 1. PAPR expansion (NU-ASK vs. uniform ASK)

One of the drawbacks of the presented shaping prin-
ciple is the expansion of the peak-to-average power ra-
tio (PAPR) compared to uniform ASK. If for some
reason not the average but the maximum transmis-
sion power is limited it might be better to dispense
with that sort of signal shaping and exploit the higher
signal to noise ratio of a uniformly distributed signal
set instead, or to use other methods. Table 1 lists the
PAPR expansion for the different modulation schemes.
In all cases the PAPR expansion exceeds the shaping
gain (see sec. II1.C) so the kind of shaping presented
here is generally not useful when the power constraint
is only on the maximum power.

111. CapraciTY FOR GAUSSIAN NU-ASK

In the following, the capacity of the non-uniform
signal constellation is calculated under the assumption
of equal probability for each signal point. Two cases
are distinguished.

A. Signal set capacity

First, the capacity of the signal set that can prin-
ciply be reached at a certain SNR is calculated, i.e.,
when all information contained in received signal y is
exploited. This could possibly be done using multi-
level-coding (MLC) / multi-stage-decoding (MSD) as
proposed in [10; 5], or by BICM with additional feed-
back decoding (AFD) as presented in section IV (see
also Fig. 4(b)). This capacity will be referred to as
Css (signal set capacity). Under the assumption of
equally likely source signals, Csg can be calculated as
follows [11]

Css =I(X, Y)=H(Y) - H(Y|X) ()
where the random variable X =
(Xo,X1,X2,..., Xm—1) represents the bits of the

2m_ASK constellation, I(..,..) denotes the mutual
information between two random variables, and H(..)
the entropy.
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B. Parallel decoding capacity

Second, each bit-level is considered separately, i.e.,
the assumption is made that each bit level is decoded
without prior knowledge of the decoding results of
some other bit levels. The corresponding decoding
scenario is depicted in Fig. 4(a). From the received
signal y, a metric is calculated for each bit. Subse-
quent decoding is performed without the attempt to
improve that metric using the decoding results. Caire
et. al noticed [9] that in this case the capacity strongly
depends on the labeling scheme and conjectured that
Gray labeling maximizes the capacity. Therefore no
other labeling schemes will be considered in the sequel.
As remarked in [10] this is equivalent to the capacity
when MLC is used with parallel independent decoding
of the different bit levels. Adopting the term of [10] the
capacity will be referred to as Cpp (parallel decoding
of individual levels).

Cpp can be calculated as

3

-1

Cpp = I(Xi,Y) (4)

i

3

1

= [H(Y) = > H(Y|zi = k)Pr(z; = k)w

oL k=0

1

which means that different from (3) one has to sum
up the mutual information between Y and the indi-
vidual bits X; while averaging the conditional entropy
H(Y|z; = k) over the possibilities z; =k, k € {0,1}.
In the sequel, we use the term PD for BICM, too, in
order to distinguish from BICM with AFD, although
the bit levels are not really decoded in parallel.

C. Shaping gain results

The shaping gain is usually defined as the reduction
in average power of the signal set at afixed data rate [2]
compared to a rectangular (hypercube) constellation.
With the approach taken here this definition is not
applicable since there would be no shaping gain at all.
Consequently, we need a different definition and use
the term shaping gain for the gain in SNR of a NU-
ASK compared to a uniform ASK at a certain capacity.
In order to determine the shaping gain, (3) and (4)
have been evaluated for the constellations presented in
section II.A. Fig. 3(a) and Fig. 3(b) give an example of
the capacity of the 32-NU-ASK constellation for Cgg
and Cpp, respectively. As can be seen from Fig. 3(a),
Css is very close to the optimum if less than & 3 [bits /
channel use] are transmitted. In both cases the highest
gain occurs at about 2.5 [bits/channel use], i.e., if a
code rate of R &~ 0.5 is used. Evaluating other NU-
ASK constellations confirms that this generally seems
to be the case. With turbo codes a powerful class of
codes operating at this rate exists that can exploit this
gain. However, contrary to common coded modulation
or multilevel'coding schemes, the number of bits of the

32-NU-ASKvs. 32-ASK

6
5 L = oslogvenR)
. i] —— 32-NU-ASK
— —— 82-ASK
fo} 2
[] -
R
2 rd
2 rd
o
2 i
o 2
rE A~
o P
iz
1 3
-10 -5 0 5 10 15 20 25 30 35 40
SNR[dB]
(a) Signal set capacity
32-NU-ASK vs. 32-ASK
6
5 oi.J = 05log(1+SNR) i
|}y —— 32-NU-ASK =

T | —~— 32-ASK
?
S 4
T ]
< {
g |
g s
2
B,
=y
S

15 20 25 30 35 40
SNR [dB]

(b) Parallel decoding capacity

Figure 3. Capacities for NU-ASK vs. ASK

signal set has to be doubled instead being expanded by
only 1bit, since there is no shaping gain at code rates
close to 1. This is a further drawback if the PAPR is
of some importance.

Gain (dB) || Css | Cpp
4-ASK || 0.07 | 0.01
8-ASK |[ 0.32 ] 0.15

16-ASK || 0.59 | 0.50
32-ASK [l 0.82 ] 0.81
128-ASK  1.14 1.18

Table 2. Shaping gain at R = 0.5

Table 2 lists the capacity gains of Css and Cpp
at R = 0.5. Clearly, the use of NU-ASK for shap-
ing offers advantages only for higher order modulation
schemes. However, it can provide shaping gains up to
~ 1dB independent of whether BICM with PD or a
coding/modulation scheme exploiting Csg is used.

26



Bitwise
Y _| (NU)-ASK- Ix; -
7 inetzic calc P De-Inter- Dor® ﬂ—
= leaver Dec.
(a) BICM with PD
Pu(%,) Bitwise
Inter-
‘ leaver
5* (NU)-ASK- | p(ylx,) g:ﬂ‘:i:tzr_ Turbo- —f A
¥ | metric calc. leaver Dec. [ G

(b) BICM with AFD

Figure 4. Decoder structure

IV. APPLICATIONS USING TURBO CODES

Turbo codes, first introduced in [12], are known as

a class of powerful codes that can approach the chan-

nel capacity relatively close. The BCJR-algorithm [13]

used for turbo decoding requires Pr(y|z; = k) for the

branch metrics. When all signal points a; € 4 are as-

sumed to be equally likely, Pr(y|z; = k) can be simply

determined by summing up the transition probabili-

ties over all signal points a; with ; =k, k € {0, 1},
for each bit of the ASK symbol,

_ (y=aj)?
Pl‘(ylil,'i = k‘) = e 202 (5)

ajwi=k

where ¢? is the (one dimensional) noise variance, as-
sumed to be known at the receiver. If a-priori infor-
mation of the bits z; is provided, then Pr(y|z; = k)
can be calculated as

Pr(ylz; = k) = ¢ Z

a;wi=k

_(y—aj)? m-1
€™ 2ot HPr(xl)
i=0

[

(6)

which means that additionally, the probability of the
current signal point a; is taken into account, not using
the input probability of the bit, for which the output
soft value has to be determined. The expression in
eq. (6) is a variant of the method presented in [14]
for GSM speech frame decoding, and has also recently
been used in [15] for feedback demodulation of BICM.
Constant factors (cq,¢z) in (5) and (6) can be ne-
glected since they cancel out when likelihood ratios
Pr(ylz; = 0)/Pr(y|e; = 1) are computed for subse-
quent decoding.

In the following, the theoretical results have been
tested using turbo codes over the AWGN channel. Two
cases have been considered. First, BICM with simple

subsequent turbo decoding was used, see Fig. 4(a). In
this case, the maximum transmission rate is bounded
by CPD .

Second, the extrinsic soft values of the turbo decoder
for info and parity bits were fed back into the metric
calculator in order to serve as a-priori information ac-
cordingto (6), see Fig. 4(b), (AFD, additional feedback
decoding). The corresponding capacity is Cgg. The
soft values were calculated according to the method
presented in [16].

The interleaver length was ~ 8000 bits (slightly
adapted to give a multiple of the actual QAM constel-
lation size) for the turbo coding and twice that much
(one complete coded burst) between coding and modu-
lation. Both interleavers performed random permuta-
tion of the bits/soft values. The turbo code was the one
presented in [12], i.e., a 16-state code with polynomi-
als 21 and 37 (octal representation) and every second
parity bit punctured.

V. CODING RESULTS

Fig. 5(a) and Fig. 5(b) compare turbo coding results
for the AWGN channel using different modulation or-
ders without and with AFD, respectively.

As can be seen, the difference between QAM and
NU-&AM matches the shaping gain results of table 2
relatively close at BER=10"* independent of whether
AFD was used or not. Lower BER have not been con-
sidered since the typical turbo code error floor starts
already in that region. If additional feedback for the
metric calculation is provided, the results improve by
about 0.5 — 1dB. The necessary SNR for 16-/32-/64-
ASK with Css(NU-ASK),Css(ASK), Cpp (NU-ASK),
and Cpp (ASK), respectively, are listed in table 3. The

SNR. (dB) Css(NU-ASK) [ Css(ASK)
16-ASK (256-&AM) 11.94 12.53
32-ASK (1024-QAM) 15.05 15.87
64-AsK (4U50-UAM | 18.10 19.10
Cpp(NU-ASK) | Cpp (ASK)
16-ASK (256-&AM) 12.75 13.25
32-ASK (1024-QAM) 15.96 16.77

Table 3. Capacity at R = 0.5

SNR necessary to reach BER=10"* are in all cases
within 1—2 dB from the capacity result.
For all simulation, 12 iterations of inner turbo de-

coding have been used. With AFD, 5 outer iterations
have been made additionally resulting in a total of 60
iterations. This is impractical, however, the number
could be dramatically lowered, if some suitable crite-
rion on when to stop an inner (turbo code) iteration
was applied. Simulations show that for the first outer
iterations only a few inner iterations are necessary.
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Compared to uniform ASK with R = 0.5, shaping by
NU-ASK does not entail any additional computational
effort. Only the lookup tables for signal transmission
and metric calculation have to be replaced, so signal
shaping with gains up to about 1dB has been demon-
strated without changing the coder/decoder structure.

VII. APPENDIX
Signal point constellations for NU-ASK

4-NU-ASK
[ £0.377525 T 41.362892 1

SNR [dB)
8-NU-ASK
(a) With PD (without AFD) [ f0.170563 | £0.529790 [ f0.961643 | f1.662971
16-NU-ASK
o 25671024/4096-QAM, R=0.5 £0.081626 | £0.246854 | f0.418533 | £0.602594
o omeam £0.807881 | £1.050833 | 51.371404 | £1.938154
V-7 256-NU-QAM
[}‘Eﬁ Do 5—£11024-0AM
‘Eg; = S
[S—<ldose Ny -OAM f0.039934 | 50.120107 | f0.200994 | f0.283207
. % 0.367358 | £0.453957 | f0.544127 | £0.638580
w £0.739052 | f0.847173 | £0.965699 | f1.099117
T X 1.254465 | f1.446126 | £1.709493 | £2.196958
1
10° .
64-NU-ASK
£0.019745 | £0.059337 | 410.099030 | £0.138925
10+ | £0.178920 | £0.219320 | £0.259922 | +0.301130
12 13 14 15 16 17 18 19 20 21 22 23 24 25 +0.342742 | +£0.384959 | £0.427783 | +0.471516
SNR [dB] +0.516057 | £0.561708 | +0.608471 | +0.656648
£0.706238 | £0.757748 | +0.811177 | +0.867029
) With AFD +0.925710 | +0.987623 | £1.053575 | +1.124275
(&) Wit [ 71201035 | f1.285369 | 1.379905 | f1.488176 |
[ f1.617051 [ f1.779256 | £2.007313 | f2.441711 |
Figure 5. Comparison between NU-$AM and uniform QAM for
BICM 128-NU-ASK
+0.00984409 | 10.0295222 | £0.0492204 | f0.0689388
£0.0886772 | £0.108456 | +0.128275 | +0.148144
0.168073 | +0.188063 | +0.208133 | +0.228283
VI. CONCLUSIONS =
£0.248524 | +0.268866 | +0.289328 +0.3099
: : : : : 0.330604 | +0.351458 | +0.372452 | +0.393618
A simple method to obtain shaping gain for higher E=
P . ping & & +0.414954 | +0.436492 | +0.45822 +0.480169
order ASK modulation on AWGN channels was pre- $0.50235 F0524772 | £0.547465 1057044
sented. £0.593716 | £0.617313 | +0.641253 | +0.665564
Using non-uniform ASK in conjunction with BICM, +0.690277 | +0.715413 £0.741 +0.76708
. . . £0.793683 | +0.820858 | +0.848647 | +0.877099
shaping gains in the order of the theoretically pre- 10506273 10936031 | £0.967047 | L£0.098796
dicted capacity gains can be achieved with a real cod- $1.03158 +1.0655 T1.10067 £1.13725
ing system, independent of whether parallel decoding +1.1754 +1.21533 +1.25726 +1.30152
(no AFD) or additional feedback decoding is used. Im- £1.34844 +1.39851 i1‘45?32 £1.51064
s +1.57454 +1.64553 +1.72583 +1.81897
provements due to AFD are within 0.5 - 1dB. 1193098 F2.07387 1207758 T76732
Compared to other shaping methods, the achieved
gain is lower, and even for higher order modulation
scheme it does not seem approach the ultimate gain REFERENCES

of 1.53dB. Also, the fact that shaping gain is exhib-
ited only when the constellations are used with code
rates R = 0.5 might lead to a higher decoding effort
in comparison to higher rate coding schemes. Further-
more, the enlarged signal point constellation, entailing
a considerably higher peak-to-average power ratio, can
be prohibitive in some applications.

The main Advantage is the simplicity of the method.
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Abstract—We propose a new turbo-encoding scheme for
high spectral efficiency with performance close to the Gaussian
channel capacity. The scheme combines nonuniform signaling on a
Gaussian channel with pragmatic turbo-coded modulation (TCM)
for simple and flexible implementation. A variable-rate turbo code
is followed by a Huffmann code mapping onto nonequiprobable
points in a quadrature amplitude modulation constellation. The
rate of the turbo code is matched to the Huffmann code by vari-
able puncturing, such that both the input bit rate and the output
symbol rate are constant. It is shown that the new scheme provides
shaping gains of 0.6 and 0.9 dB, at rates 2 and 3 b/dimension,
respectively, compared with the equiprobable pragmatic TCM,
and reach about 1 dB from the continuous input Gaussian channel
capacity.

Index Terms—high spectral efficiency modulation, signal
shaping, turbo codes.

1. INTRODUCTION

HE idea behind constellation shaping is that signals with

large norm are used less frequently than signals with small
norm, thus improving the overall gain by adding shaping gain to
their original coding gain [1]. The nonuniform signaling reduces
the entropy of the transmitter output, and hence, the average
bit rate. However, if points with small energy are chosen more
often than points with large one, energy savings may compen-
sate for this loss in bit rate. Theoretically, constellation points
would be selected according to a continuous Gaussian distribu-
tion at every dimension, and thus achieve the maximum shaping
gain. Practically, in finite constellations, a smaller gain can be
achieved.

For Gaussian channels, turbo-coded modulation (TCM)
techniques can be broadly classified into binary schemes and
turbo trellis-coded modulation (TTCM) [2]. The first group
can be further divided into “pragmatic” schemes with a single
component binary turbo code, and multilevel binary turbo
codes [3]. The pragmatic approach for a bandwidth-efficient
turbo-coding scheme has been presented in [4]. This approach
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is simple and versatile, and is much less complex to design and
to implement than TTCM. It uses only one turbo decoder, and
by modifying its puncturing function and modulation signal
constellation, it can obtain a large family of TCM schemes. It
is possible to include shaping in the framework of multilevel
codes [3]. The multilevel approach may be less attractive
than the pragmatic approach due to its increased complexity,
delay (from the multistage decoding), and sophisticated design
rules. The shaping that was applied to multilevel codes is
multidimensional trellis-shaping code, which is much more
complex than the method proposed here. The performance
obtained in the multilevel approach is similar (within 0.1 dB)
to our results. TTCM was shown to obtain the highest per-
formance in the coding of equiprobable quadrature amplitude
modulation (QAM). Fragouli and Wesel [5] have shown that
by careful code selection and interleaver design, it is possible
to reach a signal-to-noise ratio (SNR) of 0.5-0.6 dB from the
(constrained) capacity. Moreover, by combining nonuniform
constellations [6] with the symbol-interleaved encoder, they
achieved a shaping gain of approximately 0.2 dB [7].

Many authors suggested various forms of shaping within the
framework of TCM, like the trellis shaping of Forney [8]. An-
other approach to achieve shaping was already proposed in the
1960s by Gallager [9]. He showed that optimal coding for the
Gaussian channel can be made by grouping bits from a binary
code, where the larger group is assigned to the less probable
points in the constellation, and smaller to the more frequent.
Obviously, such a method leads to a variable-rate input to the
channel. A more detailed analysis of the method and close to
optimal variable-rate code was suggested in [10], which showed
that a close-to-optimal solution is the Huffmann prefix code.
The variable-rate scheme of [10] is simple to encode, but re-
quires variable-rate input, which results in system problems
such as buffering and resynchronization.

In this letter, we propose a practical method that uses this
idea while overcoming the variable-rate input disadvantage.
We combine the powerful but simple pragmatic turbo-code
principle with this shaping method and supply a practical
decoding scheme with good results. The matching is done
by dynamic puncturing of a low-rate turbo code to match the
symbol-dependent rate of the prefix code. For further improve-
ment, we also apply a feedback to the log-likelihood ratio
(LLR) calculation block, as suggested in [11]. We consider
one-dimensional (1-D) pulse-amplitude modulation (PAM)
constellations that are equivalent, on an additive white Gaussian

0090-6778/04$20.00 © 2004 IEEE
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noise (AWGN) channel, to square QAM constellations of twice
the symbol rate.

Our method can be applied to any binary turbo or turbo-like
code, including parallel concatenation, serial concatenation, and
low-density parity-check (LDPC) codes.

II. SIGNAL SHAPING IN A FINITE CONSTELLATION

It is well known that the maximum theoretical shaping gain,
or the maximum reduction in average transmit power for con-
stellations of rates R bits/dimension (dim) — oo is given by
G max = 10log;o(me/6) = 1.53 dB.

In practice, when using signal sets with finite transmis-
sion rates, this gain can never be achieved. Therefore, in
order to calculate the real gain that can be achieved when
using small signal sets, we turn to the calculation of the
capacity gain [3], which is the optimization of the mutual
information of the AWGN channel with discrete inputs.
Consider an AWGN channel having discrete inputs ¢ taking
on the values {c¢;} for j = 0,...,J — 1, with probabilities
Pr(c) = {Pr(Co), PY(CI), ceey PY(CJ_1>}.

The capacity of the discrete input AWGN channel is given by
the maximum of the mutual information

C = maxp ()/(c;Y)
J—1 oo
= maxp, (c) Z P.(c;) / QY [ ¢;)
]:0 o —OO
e

1 -
ST IR () QY | )

The SNR is given by (S/N) = (P/a?), where P is the average
input signal power

6]

J—1

P= Z Po(c;) - ¢ )

=0

and o2 is the noise variance. Optimizing the mutual informa-
tion with respect to the input probabilities P,(¢) will give the
lowest required SNR when transmitting at various rates K = C'
bits/dim. We consider the maximum SNR reduction, compared
to the equiprobable transmission, as the desired capacity gain.
In [12], the authors proposed a numerical method that optimizes
the mutual information for a power-constrained finite constella-
tion. We found out that the Maxwell-Boltzmann (MB) distribu-
tion suggested by [10] provides a very good approximation to
the optimal solution, and is obtained by the distribution

Pu(c;)) =K\ -e Ml x>0 3)

where
1

KO =[S edel )

is the distribution normalization factor. This distribution maxi-
mizes the entropy of a finite constellation H (c) under an energy
constraint [3], [10], but does not necessarily optimize the mu-
tual information. The parameter A governs the tradeoff between
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the average power P of signal points and the entropy H (c). For
A = 0, the uniform distribution arises, while increasing A results
in more concentrated distributions close to the origin. By se-
lecting A properly, the minimum average energy can be achieved
for a given transmission rate, and consequently, the minimum
SNR in the calculation of (1). The idea is best explained using
an example.

Example 1: Consider the transmission of R = 2.0
b/dim using a 16-PAM signal constellation. In this con-
stellation, the signal set c consists of the 1-D signals
{-15,—-13,-11,...,—1,1,3,5,...,13,15}. We first as-
sume uniform distribution for each constellation point of
P.(¢;) = 1/16, which gives an average input signal power
P = 85. Applying (1) for a rate-R = 2.0 b/dim, we get
02 = 4.74, which gives an SNR S/N = 17.9. We now apply
the MB distribution (3) and (4) to the constellation. If we apply
a discrete Gaussian distribution (3) with an optimized value
of dopt =1 /9 to the constellation points ¢ and use (1) again,
we get the average power P = 16.975 and a minimum SNR
S/N = 15.0. Therefore, the capacity gain that we achieve here
is

17.9
101ogy, <ﬂ) = 0.768 dB. 5)

Similarly, using the same procedure for rate- £ = 3.0 b/dim
with an optimal discrete distribution of the 16-PAM constella-
tion with A, = 0.047, we achieve a capacity gain

2.
101ogqq <8—6) = 1.074 dB. (6)

64.5
The losses in (5) and (6), with respect to the gains achieved by
the ideal continuous AWGN channel at similar rates, are 0.001
and 0.106 dB, respectively.

III. COMBINING SHAPING AND THE PRAGMATIC BINARY TCM
A. Construction of a Binary Distribution

We apply the theoretical considerations of the previous sec-
tion to practical schemes. For practical reasons, the probabili-
ties of the constellation points from the MB distribution (3) are
rounded to the closest 27%. The results for a 16-ary PAM con-
stellation is (the result holds for both R = 2.0 b/symbol and
R = 3.0 b/symbol)

Plc=41,43)=2"°

Poc=454749) =27

Pc==+11)=2"7
Py(c==+13,£15) =276 (7)

If we use this probability mapping again in (1) for transmis-
sion rates B = 2.0 and 3.0 b/dim, we achieve gains of 0.682
and 0.948 dB, which are quite close to the capacity gains of
the MB distribution achieved in (5) and (6). Moreover, these
probabilities can easily be implemented by using a table that
maps equiprobable input words of six bits into nonequiprob-
able words of four bits having the probabilities specified in (7).
Table I shows a way to do it. The columns bg, b1, . . ., b5 repre-
sent the input bits. The signal points in the first column show
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Fig. 1. Pragmatic binary TCM encoder.

TABLE 1
SIGNAL MAPPER WITH BINARY PROBABILITIES OF TYPE 2%, k = 3,4, 5,
AND 6, FOR A 16-PAM CONSTELLATION

Signal Point | by by by b3 by b
15 0O 0 0 O 0 0
13 0O 0 0 O 0 1
11 0O 0 0 O 1 x2
9 0 0 0 1 x2 x2
7 0 0 1 I x2 x2
5 0 0 1 0 x2 x2
3 0 1 1 x2 x2 x2
1 0 1 0 x2 x2 x2
-1 1 1 0 x2 x2 x2
-3 1 1 1 x2 x2 x2
-5 1 0 1 0 x2 x2
-7 1 0 1 1 x2 x2
-9 1 0 0 1 x2 x2
-11 1 0 0 O 1 x2
-13 1 0 0 O 0 1
-15 1 0 0 O 0 0

how to map each input word into one of the 16 signals. The no-
tation [ 2] in the table means that a certain input bit in that loca-
tion can take on the values zero or one. In this way, four words
are mapped, for example, to the signal point 9.0, and eight are
mapped to 1.0, and so on. Clearly, the probability of each input
word is 1/64, whereas probabilities of the output words become
8/64,4/64,2/64, and 1/64. As requested, the output probabil-
ities are equal to the binary probabilities in (7).

It should be noticed that Table I actually performs prefix
code mapping onto the constellation. This can be seen by dis-
regarding the [x 2] entries of each input word. What is left is a
variable-length Huffman prefix code.

B. Applying to TCM

We now apply the nonequiprobable distribution derived
above to TCM. In pragmatic binary TCM [4], a single binary
turbo code of rate 1/3 is used as the component code. Its
encoder outputs are suitably multiplexed and punctured to
obtain 7 parity bits and m — m information bits, as shown in

Fig. 1. The encoded bits are mapped onto an A -ary phase-shift
keying (PSK) or M-QAM signal set. For simplicity, we used
an M-PAM signal set, which is equivalent to an M2-QAM
having a spectral efficiency of 2(m — 1) b/s/Hz.

The signal mapper associates each word of m encoded bits to
one of the A7-PAM channel symbols available in the modulator.
In an equiprobable signaling scheme, we map m encoded bits
onto one of the M = 2™ symbols using Gray code. Otherwise,
in anonequiprobable scheme, we apply a table (e.g., Table I) that
maps m-bits equiprobable input words onto nonequiprobable
M-PAM symbols.

It is clear that the mapping through the table onto the
nonequiprobable constellation is a form of an additional punc-
turing because of the [x 2] ambiguity of some of the bits. On the
other hand, as long as we keep the systematic bits unpunctured,
the gain achieved by the nonequiprobable signaling scheme
more than compensates for this loss in code strength. Thus,
our scheme actually implements a variable-rate turbo code,
because the number of parity bits given to each information bit
varies as a function of the input combination.

The receiver, shown in Fig. 2, calculates the LLR calcula-
tion block for each encoded bit based on the received noisy
symbol. The stream of the bit-likelihood values is then bit dein-
terleaved, demultiplexed, and depunctured before passing to the
binary turbo decoder which is based on the maximum a pos-
teriori (MAP) algorithm, e.g., [13]. As suggested in [11], the
LLR calculation block is used in the turbo decoder iterations.
The extrinsic coded data shown in Fig. 2 are the new values of
the output turbo decoder MAP LLRs, for both systematic and
parity bits, in each turbo iteration. This data will be used by the
LLR calculation block as a priori input to the next iteration. To
illustrate this, consider the calculation of the LLR for each en-
coded bit b;

S ihimr €XP (= 5z (r = 2)%) - Polw| by = 1)

Zx:bt:O exp (_2(172 (T - SC)2) . Pr(‘r I bt — 0)
3)

A(be) = log

33



344

IEEE TRANSACTIONS ON COMMUNICATIONS, VOL. 52, NO. 3, MARCH 2004

A(beo)
Deint. |,
A(bey)
Deint. [
ry Abyz) - é
LLR Deint . Dleer:;ltl | Binary |—
Demod. calcu- ent. p Turbo
lation and De-
block Depunc- | coder
turer
A(bl,.m— 1 )
Deint.

Extrinsic coded data

Puncturer and

Fig. 2. Pragmatic binary TCM decoder.

where = is a symbol at the output of the mapping table, having
inputs b; = 0 or 1, r is the received symbol, and ¢ is the
noise variance. Each new turbo iteration will update the variable
P,.(x | b:) and thus improve the stream of bit LLRs entering the
decoder for the next iteration.

IV. SIMULATION RESULTS

We used the standard rate-1/3 turbo-encoder, e.g., [14],
made up of two elementary encoders with memory size four
and the same generator polynomial 37-23 (octal number 23
represents feedback connections, and 37 represents feed-for-
ward connections). The generator polynomial was taken from
[15], which states the optimal encoders for various turbo-code
rates and memory sizes. Turbo decoding was performed in 18
iterations on blocks of 32768, 16384, and 8192 information
bits using pseudorandom interleaving. We applied two schemes
for spectral efficiencies of 2 and 3 b/dim. The first one used
a rate-1/3 turbo encoder and nonequiprobable signaling. This
scheme applied Table I for a mapping of six-bit input words
including two information bits onto 16-PAM symbols having
a binary distribution, as in (7). It was compared to a rate-2/3
turbo code using equiprobable signaling with three-bit 8-PAM
symbols, as in the standard pragmatic binary TCM technique
[4]. The second scheme used a rate-1/2 turbo encoder and a
similar nonequiprobable signaling technique, where this time,
three information bits were mapped onto six-bit input words. It
was compared with a rate-3/4 equiprobable 16-PAM pragmatic
binary TCM. The bit-error rate (BER) versus Ej, /Ny for the
two schemes are shown in Figs. 3 and 4. The capacity limits
for the 16-PAM constellation and the continuous-input AWGN
channel at both transmission rates are also reported.

The error-floor effect we have encountered occurred at
BERs below 10~? for the information block lengths we used.
We can notice that for rate-2.0 b/dim and Py(e) = 1073,
the nonequiprobable scheme produces gains of 0.59 dB
(N = 32768), 0477 dB (N = 16384), and 0.57 dB
(N = 8192) compared with the equiprobable one. The only
power-constrained, continuous-input channel-capacity limit of
the AWGN channel is £, /Ny = 5.74 dB. The performance of
our decoder at Py(e) = 1073 for the longest block length is
about 1.1 dB from this limit. At 3.0 b/dim, the nonequiprobable

Bit interleaver

A Nonequi. N=32,768
s |4 Equi.N=32768

R —5- Nonequi. N=16,384
O Equi. N=16,384

| “©- Nonequi. N=8,192
| O Equi.N=8,192

107 o | e} 4
\
\ d
6
10°F o 1
’e
A o
Nopnequiprobable Equiprobable
Capacity Capacity
‘0'7 1 1 L L
55 6 65 7 75 8
Eb/NO [dB]
Fig. 3. Performance comparison between two schemes of nonequiprobable

and equiprobable signaling at rate-2 b/dim using pragmatic binary TCM with
18 iterations and block lengths N = 32768, N = 16384, and N = 8192
b. Channel capacity limit is 5.74 dB, equiprobable 16-PAM capacity limit is
6.6 dB.

10 T - T T - T
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A Equi. N=32,768
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Fig. 4. Performance comparison between two schemes of nonequiprobable
and equiprobable signaling at rate-3 b/dim using pragmatic binary TCM with
18 iterations and block lengths N = 32768, N = 16384,and N = 8192
b. Channel capacity limit is 10.2 dB, equiprobable 16-PAM capacity limit is
11.38 dB.
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scheme produces gains of 0.87 dB (N = 32768), 0.86 dB
(N = 16384), and 0.82 dB (N = 8192) compared with the
equiprobable one for the same BER, the channel capacity limit
is B, /No = 10.2 dB, and we achieve Py(e) = 1072 for the
longest block length within 1.1 dB of this limit.

It may be interesting to compare our results with the recent
results of [7], where the authors used an 8-PAM TTCM scheme
and shaping using nonuniform constellations for rate-2 b/dim.
Using an input block size of 16 384 bits, they achieved P, (e) =
10~° at SNR of Ey /Ny = 7.05 dB, which is about 0.15 dB
higher than our results. By increasing the block length to N =
32768 and the number of decoder iterations, our results are
better within 0.25 dB.

V. CONCLUSION

In this letter, we presented a new scheme for improving the
performance of pragmatic binary TCM by using nonequiprob-
able signaling. We described a nonequiprobable signaling tech-
nique that makes it possible to approach the maximum capacity
gain of a finite-constellation AWGN channel. Our nonuniform
signaling scheme is very easy to implement, and adds negli-
gible load on the turbo decoder. We showed for an example
of 6 b/QAM symbol, a gain of 0.9 dB relative to the equiprob-
able scheme performance, and transmission within 1.1 dB of the
Shannon limit. Note that the difference between the capacities
of the equiprobable and nonequiprobable schemes is 1.07 dB.
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Shaping Gain by Non-Uniform QAM Constellation
with Binary Turbo Coded Modulation
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Abstrace—A non-uniform signal constellation can be used to
obtain shaping gain. One typical way to design non-uniferm
constellation is make the output signal follow a Gaussian
distribution by using equally like signals with unequal spacing.
However, for binary Turbo coded modulation (BTCM)-with M-
QAM system. this non-uniferm consteilatien design criteria can
be modified based on different impacts of various Turbo encoded
bits sequence on BER performance. In this paper, author points
out that shaping gain for M-QAM with BTCM can be achieved
integrated with optimization of mapping rule, performance of the
proposed scheme outperforms over BTCM with uniform
constellation, especially under low and moderate SNR region.
Meanwhile, the effects of code rate, order of QAM constellation
on shaping gain are investigated. Numeral results are provided to
support the proposed scheme and analysis. The proposed scheme
can be applied to high rate data service with Hybrid ARQ, such
as HSDPA system.

Keywords-Shaping gain, non-uniform constellation, M-QAM,
Bissary Turho coded medulation Mapping rule

1 INTRODUCTION

It is known from information theory that, in addition to
coding gain. shaping gain of AWGN channel can be obtained
while the amplitudes of output signals follow Gaussian
distribution. One typical method to achieve shaping gain is to
use a unitormly spaced consteilation with different transmitted
probability for each signal point. this ideq is initial investigated
in {1]. Recently, D. Raphaeli and A. Gurevitz designed one
non-uniform signaling in pragmatic binary Turbo coded
modutation environment with 16QAM constellation in [2].

Another way to get shaping gain is using non-uniform
constellation with the same transmitted probability for each
point. Non-uniform constellation has been utilized widely in
many applications. For instance, to create a signal set for rate
adaptive transmission in [3.4]; trellis codes employ a non-
uniform constellation to get shaping gain in [5.,6]. In [7],
authors pointed out that when each constellation point is
transmitted with the same probability and the distance between
the constellation points varies in such a way that the output
signal approximately follows a Gaussian distribution. Christine
Fragouli presented a parallel concatenated Turbo codes
Iesllnploying a non-uniform constellation to achieve shaping gain

This researeh activity was in part supported by ERICSSON

(-7803-7822-9/03/$17.00 © 2003 IEEE.

Kuang Jingming ,Yang Yu

Dept. of E.E.
Beijing Institute of Technology
Beijing, China

In this paper, we investigate the design of non-uniform M-
QAM constellation with BTCM to achieve shaping gain. In {7],
author proposed a method to design a non-uniform
constellation that its signal amplitude approximates Gaussian
distribution for various ASK constellations and simulation
results showed that for high order Gray M-QAM with Turbo
code, non-uniform censtellation outperforms about 0.5 - 1.0 dB
over uniform constellation. Here, a novel non-uniform
constellation design criteria is presented to achieve maximum
shaping gain for Turbo code with M-QAM modulation.

For both Gray uniform 16QAM constellation and non-
uniform constellation. it can provide fundamentally two-level
error protections, in other words, there are high reliable
positions and low reliable positions provided by constellation.
The difference between non-uniform constellation and uniform
consteliation is the bit error prebability difference provided by
high reliable positions and low reliable positions. On the other
hand, for a standard code rate R=1/3 Turbo encoder, its output
bits consist of one information bit and two parity bits. For bit

error ratio (BER) performance, in general, the information bit

is more important. Therefore, various bits sequences of Turbo
encoder output have various impacts on BER performance. To
enhance BER performance, the mapping rule can be optimized
in the following way: information bits of Turbo encoder output
sheuld be mapped onte high reliable positions of M-QAM
consteliation as more as possible, while the less important
parity bits are mapped onto low reliable positions Bl IF the
difference of bit error probability provided by high reliable
positions and low reliable positions can match the difterent
tmpacts of information bits sequence and parity bits sequence
on BER perfectly, the optimal BER performance can be
achieved and the largest shaping gain is obtained. Therefore, if
the amplitudes of signal points in M-QAM constellation only
follow Gaussian distribution, not matching the difference of
various bits sequence on BER performance well, no significant
shaping gain can be obtained. However, this isn’t considered in

7.

Therefore, the shaping gain of M-QAM constellation with
BTCM can be achieved integrated with the optimization of
mapping rule design. Furthermore, the impacts of some
parameters, such as code rate, the order of QAM constellation
and the receiver structure on shaping gain are also investigated
in this paper.
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The rest parts of this paper are organized as follows.
Swstem mode!l and some fundamental analysis are given in
section Il. The proposed scheme achieving shaping gain
iniegrated with optimization of mapping rule for BTCM with
M-QAM is presemed in Section [Ii. Furthermore, the
influertces of channel code rate, order of modulation lever are
analyzed in Section 1V. Finally some conclusions are drawn in
section V.

. SYSTEM MODEL

In this section, system model and some fundamental
analvsis are introduced. Firstly transmitter and receiver
structures of BTCM with M-QAM are given, second the un-
coded BER property of uniform and non-uniform 16QAM
Gray consteilation is analyzed. Then the mapping rule can be
optimized based on the influences of various Turbo encoded
bits sequence on decoding performance. Finally the
performance  comparison  of uniform and non-uniform
constellation proposed in [7] is presented.

A Binary Turbo Coded Modulation (BTCM)

BTCM is proposed in [10] as a bandwidih efficient
modulation using Turbo codes. Fig 1 shows a code rate R=(m-
m’)m turbo encoder built from a binary standard turbo encoder
using rate matching with M-QAM modulation.

information_bits

Binary
Turbo
encoder

Inter-
leaver

Tr»r0X%

Parity bits.
Figure [. BTCM with M-QAM modulation

Non-iterative receiver is showed in Fig2 ignoring the
dotted line, from observation of modulation symbols, the
Logarithm of Likelihood (LLR) associated with each bit can be
caleulated and sent to binary Turbo decoder as a relevant soft
decision. In this paper, only the case of square Gray M-QAM
constetlation is considered and the calculation of LLR is in
accordance with that in (10].

Information bits

. ™ Binary | Lt
Deintor U Turbe
x Dee
— -

Parity bis

Figure 2. Receiver siructure of BTCM scheme

B. Uniform & Non-Uniform QAM Consteltation
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Figure 3. Gray uniform constellation of 16QAM

Square Gray uniform constellation of 16QAM is showed in
Fig. 3, the bit error probability of bit position: il and gl is the
same and different from that of bit positions: i2 and 2. And
higher error protections are provided for bits positions: i and
gl, namely high reliable positions. Therefore, there are two-
fevel error protections provided by uniform constellation ™",
While for non-uniform 16QAM constellation as mentioned in
[7], the spaces of various signal points are unequal as listed in
Table 1. The average constellation energy is normalized. Un-
coded BER perfermances of each bit position of constellation
are showed in Fig. 4, it’s clear that the performance difference
of high reliable positions and low reliable positions of uniform
& non-uniform constellation is different.

TABLEL SIGNAL POINTS OF 16QAM (4-A8K)
Uniform +0.3162 +(.9487
constellation
Non-uniform +0.2677 +0.9635
constellation
L}
Beita = 0.5

[ 1 2

UnLoded BER

25 3 35 4 45
ERND(aR)

(a) Unitorm Constellation
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Belta = 0.5652
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(by Non-Uniferm Constellation in |7]

igure 4. Bit errer probability of different bit positions of uniform and
non-uniform Gray 16QAM constellation

. Different fluences of VariousEncoded Bits Sequences

on Turbo Decoding Performunce

As mentioned in previous section, information bits are
usually more important than parity bits for decoding BER
performance. Therefore, output coded bits sequence of Turbo
encoder can be divided into at least two sub-flows, that is
information bits sequence and parity bits sequence based on
their different influences on decoding performance. Some
velated simufation resulis with 1/3 code rate while encoded
block length is 400 are shown in Fig 5, we can see that
information bits sequence denoted by “s” is more important
than parity bits sequence. Although the Turbo codes
performance itseif is independent of the specific mapping, it is
advantageous o offer the most reliable bits to the first decoder.
Therefore, parity bits sequence of the first component encoder
denated by “pt” is slighddy important that parity bits sequence
af the second component encoder denoted by “p2”.

ELMND (@8}

Figure 3. Impartance of different bit sequences with 1/3 code rate

~ Note: We get the Fig. 5 through the following way. For
axample. when only information bits are transmitied through
AWGON channel and parity bits are sent through error-free
shannel, the curve, BER versus Eb/NO, danoted by legend “s”
an be obtained after & iterations SOVA decoding. Other two
surves can be obtained by similar way. Under the same Eb/NO,
he BER value of the curve denoted by legend “s” is higher

than that of either of other two curves. In other words, if
information bits received in error, it'll resvlt in a higher BER
than BER caused by receiving parity bits in error. Therefore.
information bits sequence has a more important impact on BER
performance.

D.  Performance Comparison of Uniform & Non-Uniform
QAM Constellations

From above analysis, it’s clear that to get better BER
performance of BTCM with M-QAM system, the mapping rule
should be optimized as presented in [9]. In this section, BER
performances of BTCM with uniform & non-uniform
constellation in [7] with and without optimization of mapping
rule are showed in Fig. 6. From simulation results, it can be
seen that first scheme with optimization outperforms over the
scheme without optimization; secondly integrating with
optimization of mapping rule, uniform consteilation is better
than non-uniform one in [7]. Therefore, the criteria presented in
[7] achieving shaping gain is no longer valid.

crs .
5
. 582

. 05(No)
0.5852(N5)
B

2
EbriNOeB)

Figure 6. Performance of BTCM with uniform & non-uniform
canstellation with and withour mapping rule optimization

I, SHAPING GAIN ACHIEVEMENT BY NON-UNIFORM
CONSTELLATION WITH MAPPING RULE OPTIMIZATION

A, Non-uniform Constellation Construction

[n previous section, a non-unitonn 16QAM constellation
that its signal amplitude approximately follows Gaussian
distribution is used to achieve shaping gain. However, from
simulation results, it can be seen that isn’t good with 1/3 code
rate. Therefore, in this section, a method to construct a kind of
non-uniform 16QAM constellations ' is introduced that the
spaces of signal points can be arbitrarily variable, and the
difference of error probability of various bit positions can be
arbitrary. Then we can select the aoptimal non-uniform
constellation through a rough search, which can achieve the
largest shaping gain,

The nen-uniform consteliation can be construct as outlined
in following. The basis is a square 4-QAM constellation
defined by formula (1), and the scaled versions of the basis are
defined by formula (2,

Si=c-{i+j, -1+ j,-1-j1-j} 0]
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S=55_, i=2,---.m 2)

Where ¢ is a constant established by constellation average
energy normalization. and 4" = M .

The points of the constellation are obtained by summing
one symbol from each of the m alphabets, defined by formula
{3). where 5, 152 sym'bo] from the symbo! alphaber s, .

m
ak = Z s:.k *

r=§

k=0 M~1 3

B Shaping Gain Ackievement with the Optimization of

Alapping Rule

From above analysis and simulation results, it’s clear that to
achieve shaping for BTCM with M-QAM constellation, the
design criteria proposed in [7] isn’t optimal, it should be in
conjunction with the optimization of mapping rule for Turbo
coded signal. To find the non-uniform 16QAM constellation
that can provide the largest shaping gain with 1/3 code rate, a
rough search for non-uniform constellations with different
spaces of signa) points by changing the value of £ in (2).
While =05, uniform consteilation is obtained. The
encoded block length of simulations in this section is 400.

ioas 2 25 3 35 4 45 5
Eb/NO(dB)Y

Figure 7. BER performances with different values of ﬁ (R=1/3)

From Fig. 7, it’s clear that when [ =0.35, the largest

shaping gain can be obtained, if the value of ,B is higher or
jower than 0.35, the shaping gain available is less than that of
£ =035 In other words, when & =0.35 the difference of
bit error probability provided by high reliable positions and low
reliable positions of non-uniform constellation can maich the
different impacts of information bits sequence and parity bits
sequence on BER best, the optimal BER performance ¢an be
achieved and the largest shaping gain is obtained, although the
improvement of shaping gain is not obvious.

IV, INFLUENCE OF SOME PARAMETERS ON SHAPING GAIN
ACHIEVEMENT OF BTCM SYSTEM

Based on the results and analysis of previous section, the
influences of some parameters, such as cede rate, order of

modulation level on shaping gain achievement are analyzed in
this section.

A, Impact of Code Rate on Shaping Gain

Up to now, the analysis and results are focused on Turbo
code with 1/3 code rate, in this subsection the influence of code
rate on the achievement of shaping gain is investigated. Our
scheme is based on the fact of different encoded bits have
various impacts on BER performance. However, there is
another fact thae the importance of each kind of encoded bits
sequence to BER performance is changed with code rate. Fig. 8
shows the similar result with 1/2 code rate compared to the
results with 1/3 code rate illustrated in Fig. 5. As we know.
only parity bits are punctured 1o get different code rate code.
For different puncture ratio, the proportion of informatien bits
sequence of the total code bits sequence is various. For thase
links with very high puncture rates, it is most likely that the
proportion of the information bits of the output bits sequence
became large. And the influence of left parity bits sequence on
BER becomes comparable with that of information bits
sequence. The difference impacts of various bits sequences on
decoding performance can be ignored. Therefore, we can
expect that the role of optimized mapping rule becoming
sfighter with code rate increasing. For 1/3 code rate, we can see
different bits sequences have various impacts on decoding
performance clearly. While code rate increase to /2. the
difference impacts of various bits sequences become much
slight.

END(dBY

Figure 8. Importance of different bit sequences with 1/2 code rate

Since the importance of each kind of encoder output b
sequence of 112 code rate is different from that of 1/3, the vah
of S chosen for 1/3 code rate to achieve the largest shapir

gain isn’t optimal for 1/2 code rate, Through similar search £
{/3 code rate, the optimal value can be found.

Compared with Fig. 9, we can find that the optimal B!
performance is achieved using non-uniform constellati
with 7 =0.5 instead of F =0.35. The reason lies in
bits sequence importance to BER performance with 172 ¢c
rate is variable compared with that of 1/3, as mentior
previously.
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Figure 9. BER performances with different values of [F {R=1/2)

B Impact of Order of M-QAM Cosntellation on Shaping
Guin

3 35
EbdS)

Fignre 10. BER performances with different values of § {R=1/3,640AM)

Compared with 16QAM, 64QAM can provide three levels
error protection. ie. high reliable. middle reliable and low
refiable positions. Similar with the mapping rule optimization
of 16QAM. the mapping rule of 64QAM is optimized to get
betier performance. While extended 10 64QAM, larger shaping
vain obtained by non-uniform constellation. From Fig. 10. we
can see that the optimal BER performance can be achieved
through non-uniform constellation with the value of fF
between 0.3 and 0.4. For 64QAM, under low and middle SNR
range, non-uniform constellation outperforms over uniform
constellation stgnificantly, larger than 0.5dB; while channel
condition becomes good, non-uniform constellation isn’t so
advantageous as under poor channel conditions.

V. CONCLUSIONS

To achieve the shaping gain for Turbo code signal,
conventional method is to make the amplitudes of output

signals follow Gaussian distribution. In this paper, author
points out that this criteria should be modified, taking into
account the different influences of various encoded bits
sequence on channel decoding performance. Integrated with
the optimization of mapping rule for Turbo coded signal, it can
be found that the conventional method can’t achieve large
shaping gain. Therefore a simple search method is introduced
to find the optimal non-uniform consteilation to achieve largest
shaping gain. In the meanwhile, the effects of Turbo code rate
and the order of QAM consteilation on shaping gain are
analyzed. Simulation resulis show that the optimal non-uniform
constellation outperforms over uniform constellation, and the
order of QAM constellation is higher, the larger gain can be
achieved, especially under low and middle SNR values with
high order QAM modulation about 0.5-1.0dB gain can be
achieved. The scheme proposed in this papet can applied to
high rate data service with HARQ pratocol, such as high speed
downlink packet access (HSDPA).
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Constellation Shaping for Bandwidth-Efficient
Turbo-Coded Modulation With Iterative Receiver

Stéphane Y. Le Goff, Boon Kien Khoo, Charalampos C. Tsimenidis, Member, IEEE,
and Bayan S. Sharif, Senior Member, IEEE

Abstract— This paper introduces a new technique for com-
bining constellation shaping and bit-interleaved turbo-coded
modulation (BITCM) over additive white Gaussian noise channel.
The proposed scheme consists of serial concatenation of a binary
turbo code, short-length binary shaping code, and mapping func-
tion using Gray labeling. The corresponding receiver is made up
of four blocks (demapper, shaping decoder, and two constituent
RSC decoders) exchanging extrinsic information in order to
optimize error performance. A BITCM scheme employing 16-
PAM constellation to achieve a rate of 3 bits/dim is considered
as an example. It is shown that, by careful selection of the shaping
code parameters, shaping gains almost equal to 0.8 dB can be
obtained at a little cost in terms of system complexity.

Index Terms— Constellation shaping, iterative receiver, shap-
ing code, turbo-coded modulation.

I. INTRODUCTION

ONSTELLATION shaping refers to techniques used in

bandwidth-efficient communication schemes to reduce
the average transmitted signal power (see, e.g., [1]-[8]). The
idea is to transmit constellation signal points with low energy
more frequently than those with high energy. The resulting
power saving, called shaping gain, is achieved while affecting
neither the data rate nor the error performance of the whole
system. For bandwidth-efficient communications over additive
white Gaussian noise (AWGN) channels, it is interesting to
investigate the combination of constellation shaping and turbo
coding [9], [10]. Some techniques have recently been proposed
to apply shaping principles to the design of turbo-coded
modulation by employing either a multi-level coding (MLC)
approach [11]-[13] or a bit-interleaved coded modulation
(BICM) approach [14]-[17].

In MLC, shaping and coding algorithms operate indepen-
dently of each other because the information bits that are
not channel-encoded can be used for shaping [3], [4]. It is
thus relatively easy to integrate coding and shaping within
a common MLC scheme. For practical applications, MLC is,
however, less attractive than BICM; indeed BICM schemes are
generally simpler to implement, more flexible, and have less
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decoding delay and simpler design rules than MLC systems.
Note that, in the context of this paper, the adjective flexible
refers to the ability of a system to accommodate different data
rates without requiring any change in the modulation and basic
channel coding functions. Despite its simplicity, BICM is, in
most cases, as power-efficient as MLC provided that near-
capacity channel codes, such as turbo codes, are employed
[18]. All these features have recently made BICM a very
popular approach for designing coded modulation schemes.

The error performance of BICM schemes could be further
improved by using constellation shaping. A major difference
between MLC and BICM is that, in BICM, all information
bits are channel-encoded, which means that coding and shap-
ing algorithms can no longer be separated. This makes the
integration of shaping and coding in the same system a more
challenging issue in BICM than in MLC.

Sommer and Fettweis were the first to apply constellation
shaping principles to BICM schemes using turbo coding,
hereafter referred to as bit-interleaved turbo-coded modulation
(BITCM) schemes [14]. Their idea consisted of employing
non-uniform pulse-amplitude modulation (PAM) constella-
tions for which signal points are transmitted with equal
probabilities but are placed on the one-dimensional (1-D) axis
according to a Gaussian distribution [19]. Recently, Raphaeli
and Gurevitz introduced a more sophisticated, and also more
power-efficient, method in which a variable-rate turbo code is
followed by a Huffman code mapping onto non-equiprobable
signal points of a PAM constellation. The turbo code rate is
matched to the Huffman code using time-varying puncturing
so that both data rate and transmitted signal rate remain
constant [15]-[17]. It was shown that, with such technique
applied to 16-PAM, shaping gains of approximately 0.6 and
0.9 dB can be achieved for data rates equal to 2 and 3 bits/dim,
respectively.

In this paper, we propose and investigate another method
for combining shaping and BITCM. Our approach, which is
radically different from those presented in [14]-[17], consists
of partitioning the basic constellation into several equal-sized
sub-constellations of increasing average energy. A shaping
code is then used to specify the sequence of sub-constellations
so that low-energy signals are transmitted more often than
high-energy signals [4]. The partitioning method preserves the
Gray mapping, and is therefore suitable for BITCM design,
provided that only one level of partition is considered, i.e.
the basic constellation is divided into two sub-constellations.
This relative compatibility between shaping and Gray mapping

1536-1276/07$25.00 (© 2007 IEEE
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constitutes a crucial point since it is well known that BICM
schemes using near-capacity channel codes, such as turbo
codes, perform optimally when Gray mapping is used to label
constellation signal points [18], [20]. It is worthwhile men-
tioning that, when using low-complexity convolutional codes
instead of turbo codes, there are other labeling techniques
that perform better than Gray mapping (see, e.g., [21]-[27]).
The application of such techniques to BICM with shaping is,
however, beyond the scope of this paper because our goal
is primarily to design very power-efficient coding schemes
whose complexity is not necessarily the critical issue.

Throughout this work, we assume an AWGN channel and
only consider the case of 2™-ary 1-D constellations, referred
to as 2"-PAM constellations. The results given in this paper
are therefore directly applicable to the design of BITCMs
based on square quadrature-amplitude modulation (QAM)
constellations since any square 22™-QAM modulation using
Gray mapping is actually made up of two independent 2"-
PAM modulations in quadrature.

The organization of this paper is as follows. In Section II,
the general structure of the proposed BITCM scheme is
presented. Particular attention is paid to the description of the
iterative decoding algorithm that involves several constituent
blocks at the receiver side. Then, we consider in Section III an
example for which we give various theoretical and computer
simulation results. In the same section, we also show that
it is possible to simplify tremendously the receiver structure
without any significant error performance degradation. Finally,
Section IV presents conclusions of this work.

II. STRUCTURE OF THE PROPOSED BITCM SYSTEM

In this section, we present the structure of the BITCM trans-
mitter and receiver proposed in this paper. Before proceeding
further, let us stipulate a convention: A notation in the form
V' = (v;)s shall be used hereafter to denote a block/sequence
V' composed of I scalar quantities v;,i € {1,..., I}, that can
be either bits or log-likelihood ratios (LLRs) associated to bits.

The block diagrams of the proposed BITCM transmitter and
receiver are shown in Fig. 1.

A. BITCM Transmitter Structure

A frame U = (up,)n, composed of Ny information bits
up,p € {1,...,Ny}, is encoded by a rate-R. binary turbo
encoder made up of two parallel-concatenated recursive and
systematic convolutional (RSC) codes separated by a random
interleaver [9], [10]. The coded sequence F is divided, using
a serial-to-parallel (S/P) converter, into m parallel sequences
which are then bit-interleaved separately in a random fashion
(rj,5 € {1,..,m}). The bit stream available at the first
interleaver output (71) is broken into L successive K-bit
blocks M = (my)x. Each block M is fed into a block
shaping encoder (S-ENC) which generates a corresponding
N-bit codeword C' = (¢y,)n, with N > K. The rate of this
encoder is thus R, % The sequence of codewords at the
shaping encoder output, whose length is equal to LN bits, is
then randomly interleaved (75). The S/P converter is designed
so that the length of the (m—1) sequences fed into interleavers
75,7 € {2,...,m}, is also equal to LN bits. This S/P converter
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Fig. 1. Structure of the proposed BITCM scheme.

is therefore not a standard one since the first sequence (to be
interleaved by 71) contains only LK coded bits, i.e. fewer
bits than the other (m — 1) sequences. Hereafter, we use the
notations X1 = (z;1)rn and X; = (2;5)n,J € {2,...,m},
to designate the binary sequences at the output of interleavers
7s and 7;, respectively. Finally, a vector (1, %i 2, ..., Tim),
where x; ; denotes the i-th bit in sequence X, j € {1,...,m},
is mapped onto a signal point of a 2™-PAM constellation,
called S, according to Gray labeling.

The transmission of a frame of Ny = R.L[K + N(m —
1)] information bits is performed by emitting LN successive
signal points s;,i € {1,...,LN}. The data rate R obtained
with such system is thus given by

R = R.(Rs +m — 1) bits/dim, (1)

and is lower than the rate R’ = mR,. bits/dim obtained with an
equivalent BITCM scheme without shaping code. Hence, the
use of a shaping encoder in our BITCM transmitter results in
a loss in data rate that must be compensated for by increasing
either the number of signal points in S or the code rate R..
In our BITCM system, the simplest way to keep the data rate
constant consists of increasing the rate R, by changing the
puncturing pattern at the turbo encoder output.

The constellation S is partitioned into two sub-constellations
Sp and S so that Sy contains the 2! signal points of lowest
energies, whereas S; is composed of the 2™~ ! signal points
of highest energies [4]. The Gray mapping is performed in
such a way that bits x; 1, which are originally generated by
the shaping encoder, are used to select one of these sub-
constellations. Assuming that x; ;1 = 0 leads to the selection
of S, the shaping encoder is designed so that Pr{x; ; = 0} >
Pr{x; 1 = 1}, i.e. S is emitted more frequently than S;. Since
the average energy of signal points in Sg is lower than that in
Sy, it results in some energy saving at the transmitter output
with respect to the case where Sy and S; are used with equal
probabilities (no shaping). The resulting energy saving Ej, in
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decibels (dB), can be evaluated using

Ey+ E1
2(PoEo + (L — PRo]Ev) |
where Ey and FE; are the average signal energies in sub-

constellations Sp and S;, respectively, and P, designates the
average value of Pr{c,, = 0} at the shaping encoder output:

Es = 1010%10[ 2

1 N
Po=+ ;Pr{cn =0}. 3)

The shaping gain, which represents the actual energy saving,
is obtained after the loss in data rate has been compensated
for.

B. BITCM Receiver Structure

In order to optimize the error performance of the receiver,
demapping, shaping decoding and channel decoding are per-
formed according to an iterative algorithm [28], [29]. This
receiver is made up of several soft-input soft-output (SISO)
modules, connected through interleavers/de-interleavers, that
exchange information in order to improve the reliability of
the LLRs flowing through them. A particular SISO module
processes LLR sequences, called a priori information, pro-
duced by the other modules in order to generate updated ver-
sions of those input sequences, called a posteriori information.
An extrinsic knowledge is then obtained by subtracting an a
priori LLR from the corresponding a posteriori LLR. This
extrinsic information is then passed as an a priori knowledge
to the other modules for further iterative decoding steps.

In our BITCM receiver, there are four iterative loops
operating in parallel and allowing for information exchange
between demapper and turbo decoder, demapper and shaping
decoder, turbo decoder and shaping decoder, and finally both
constituent decoders inside the turbo decoder. At first glance,
such structure may seem complicated, but we will see later
that it is possible to simplify it tremendously without any
significant error performance degradation.

In this sub-section, the operation and the role of the different
modules used in the BITCM receiver are explained. Note that,
hereafter, the notation L? (v), o € {a,e}, 8 € {d, s,t,t1,t2},
is used to denote the LLR of v, v being either a bit or a
block/sequence of bits.

1) The Demapper: For each transmitted frame of LN
signal points s;,i € {1,..., LN}, the corresponding received
frame is composed of LN channel samples r; that can be
expressed as r; = s;+n,;, where n; is a Gaussian noise sample
with zero mean and variance o2 = %, Ny being the one-sided
power spectral density of white Gaussian noise. The role of the
demapper is to compute, for each index i, the extrinsic LLRs
L¥(x;;),7 € {1,..,m}. To this end, it processes, at each
iteration, sample 7; as well as m a priori LLRs Li(z; ;),j €
{1, ...,m}, representing the extrinsic information generated by
both shaping and turbo decoders at the previous iteration. The
computation of LLRs L(x; ;) is performed using

PI‘{LEi,j = 177‘i7Lg(xi,1); vy Lg((ﬂ,,m)}
Pr{xi-j = 07 Ti, Lg(x’i,l)a ceey Lg(xi-,m)}
—L%(zi ;). (4)

L‘Z(x”) = In
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To further develop (4), let us assume that each LLR L%(z; ;) is
a Gaussian sample with a mean equal to (2.%'1‘4' — 1—|—Li7j) and a
certain variance ¢%, where the parameter L; ; represents the a
priori knowledge regarding bit x; ; already available before
the first decoding iteration starts. The value of parameter
L;;,ie{l,..,LN},is computed using

1— Pr{xi,j = O}

Pr{xi,j = 0} (5)

Li» j= In |:
In practice, the variance §2 can be given any suitable empirical

value. Using Bayes’ rule and taking 4% = 2, it can then be
shown that (4) is equivalent to

> P{rils}Pr{L(wi1—m,z)ls}Pr{s}

g - SES;
Le (I%]) - 111
S PLralstPr{ L (i1 m 2)ls}Pr{s}
SGS?
L (6)

where S’ denotes the subset of signals s € S whose labels
have the value ¢ € {0,1} in position j € {1,...,m}, and
L(24,1—m, ;) refers to the set composed of all a priori LLRs
except L4(x; ;). The term P{r;|s} designates the transition
probability density function of the AWGN channel given by

Plrs} = V;_%exp{_%j)z}.

In (6), the terms Pr{L%(xi1.m;)|s},s € S}, can be

computed using
1 m—1 1 m
- expld ——
(\/ 47T> p{ 4 LZ :

(L) — @251 — 1) — LMF},
(8)

where s; € {0, 1} is the value of the label of signal s in
position .

To find the expression of the extrinsic LLR L%(z; ),
we also need to determine in (6) the probability, Pr{s}, of
transmitting a particular signal s. It can easily be shown that
Pr{s} = Pr{;cmifo} if s € So and Pr{s} = %
if s € S;. The average value of Pr{z;; = 0} over a
frame of LN transmitted signals s; is equal to Fy. The
LN probabilities Pr{z; 1 = 0} are obviously known by the
receiver. By combining (6), (7), and (8), and performing a few
simplifications, we obtain:

(N

Pr{L{(zi1m.25)|s}

3 exp{A}

1
SES;

0
SESJ.

L(zij) =1In ~-L 9)

7,7

where

L 6)2 m
A= —% + SlLi,l + Z Sl(LZ(xi,l) — Li,l)- (10)
0 I=1,#]
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In our system, the parameters L; ;,| € {2,...,m}, are actually
equal to zero. This is not the case for parameters L; ; since
the bits x; 1 generated by the shaping encoder are more likely
to be equal to zero than one. The resulting simplification of
(9) yields

Zexp{ + Z siLY( xu}

sest I=1,#j

Li(zij) =1n | —
S ew{ - (=9 g g o)}
sES? I=1,#j

11
It is worth mentioning that, in practice, the computational
complexity of the demapper can be reduced at a very neg-
ligible cost in terms of error performance by approximating
(11) with the following expression:

"
Li(wiy) = Hé%X( Uinl) > s :m)
7 = 1;;]
m( e X )
J (12)

Note that, at the first iteration, the initial values of a priori
LLRs are set as follows: L(z;1) = L;1 and Le(z;;) =
0,5 €{2,....,m}.

2) The Shaping Decoder: For each frame of LN received
channel samples r;, the demapper produces m parallel se-
quences L4(X;) = (L4 (z;;))in,j € {1,...,m}. The first
sequence L4(X) is de-interleaved (') and broken into L
blocks L:(C) = (L5 (cp)) n. At each iteration, the task of the
SISO shaping decoder (S-DEC) is to produce both extrinsic
LLRs L(M) = (L(mg))kx and LE(C) = (L5(cn))n. The
LLRs L3(M) are to be processed by the turbo decoder at
the same iteration, whereas LLRs L3(C) will be used by the
demapper at the next iteration. The shaping decoder is not only
fed with a priori LLRs L£(C) produced by the demapper,
but also with a priori LLRs L5 (M) representing the extrinsic
information generated by the turbo decoder at the previous
iteration. Since shaping codes typically operate on very short-
length blocks, it is realistic to use the MAP algorithm for
the shaping decoding. Hence, in order to compute L$(M),

the SISO shaping decoder evaluates, for k € {1, ..., K}, the
expression
Pr{m; =1,L5(M), L5(C)}
Ls — 1 a a _ Ls
L) = 0 e S e Ty~ )
(13)

which is equivalent to

S7 PH{LLC), L (maie )| M}

y 1
L3(mp) = In MeQ} 7
> Pr{L3(C), Li(mi—e.20)| M}
MeQy
(14)
where Qf,t €  {0,1}, denotes the set of all
blocks M for which my, = ¢(|Q)=[Q}]), and

Pr{L;(C), L;(mi1—k,2,)|M} designates the probability
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of receiving all input LLRs except LZ(my) given the
transmission of a particular block M.
Using an approach similar to that employed to obtain (11),

one can show that extrinsic LLRs L2 (my), k € {1, ..., K}, are
given by
> exp{B}
MeQl
Li(my) =T | ~=——| , (15)
> exp{B}
MeQ)
where
Z tiLE(my) + Zt (L (cn) — Ly), (16)

1=1,£k

t; € {0,1} is the value of the [-th bit in the block M
under consideration, and ¢, € {0,1} is the value of the
n-th bit in the codeword C' associated to this particular
block. Parameters L,,n € {1,..., N}, represent the a priori
knowledge regarding bits ¢,, available before the first decoding
iteration starts, and are computed using

1-P =0
L,=1n M .
Pr{c, = 0}
In a similar fashion, it can be shown that the expressions of
extrinsic LLRs L3(¢,,),n € {1, ..., N}, are given by

Z exp{D}
Li(en) =1n Celdn ,

Z exp{D}

CeAl

a7

(18)

where
K N

D = ZtkLi(mk) + Z t (L3 () — Ly),

k=1 l=1,#n

and Af t € {0, 1}, designates the set of all codewords C' for
which ¢,, = ¢. In this expression, ¢; € {0, 1} is the value of the
[-th bit in the codeword C' under consideration, and ¢;, € {0, 1}
is the value of the k-th bit in the block M associated to this
codeword. It is worthwhile mentioning that [A%| > |Al| since
there are more zeros than ones in codewords generated by the
shaping encoder.

Expressions (15) and (18) indicate that the computational
complexity of the MAP decoding algorithm can become pro-
hibitive for high values of K and N. In particular, the number
of additions required for the evaluation of these expressions
increases exponentially with K since [Q0] + [Q}] = |A2] +
|AL| = 2K, However, for small values of parameters K and
N, the implementation of (15) and (18) remains of reasonable
complexity. This is a crucial point since it is, fortunately,
possible to obtain significant shaping gains when using codes
with small values of K and NN. To illustrate this statement,
let us consider an example. Fig. 2 shows the variation of the
energy saving, Fg, as a function of the codeword length NV,
achieved when a rate-1/2 shaping code is combined to 16-
PAM constellation according to the configuration considered
in this paper. A computer program was written to generate
automatically the shaping code for any rate Rs and codeword
length N so that the average probability Fp, i.e. the energy

19)
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Fig. 2. Energy saving E; as a function of the codeword length N, for a
16-PAM constellation combined to a rate—% shaping code according to the
configuration considered in this paper (one level of partition).

saving F;, is maximized. Note that the energy saving plotted
in Fig. 2 is achieved while decreasing the constellation entropy
from 4 bits/dim to 3.5 bits/dim.

The results in Fig. 2 show that the value of the energy saving
“saturates” as NN increases. This indicates that, in practice,
there is not much to be gained by increasing the codeword
length N beyond a certain value. For instance, the energy sav-
ing achieved by using the moderate-complexity (N = 14, K =
7) code is 3.30 dB (corresponding to Py ~ 0.854), which
is only 0.18 dB less than that obtained with the much more
complex (N = 32, K = 16) code (P, =~ 0.866), and 0.30
dB less than that of the unpractical (N = 60, K = 30) code
(Py ~ 0.874). Note that the number of possible codewords for
these three rate-1/2 shaping codes is 27 = 128 for N = 14,
216 — 65536 for N = 32, and 2°0 ~ 10° for N = 60. From
Fig. 2, it can be concluded that, if any significant shaping
gain is to be achieved, it will be without having to employ
complex shaping codes, which is an encouraging result as far
as the system complexity is concerned. Finally, note that the
small irregularities in the curve plotted in Fig. 2 mean that
a slight increase in the codeword length N does not always
result in a higher energy saving. In other words, for a given
rate R, some shaping codes clearly achieve a better “energy
saving-complexity” trade-off than others.

3) The Turbo Decoder: The sequences LI(X;) =
(Ld(zi;))Ln,j € {2,...,m}, as well as that composed of
L blocks L:(M) are de-interleaved separately (7rj*1, j €
{1,...,m}), and then combined together through the P/S
converter to form a single LLR stream L’ (E) used as an a
priori information by the turbo decoder. The latter is made up
of two SISO constituent decoders separated by an interleaving
pair /7! corresponding to the interleaving embedded in the
turbo encoder [9], [10], [28], [29]. The core of this decoder
is depicted in Fig. 3.

The SISO constituent decoder DEC-z, x € {1, 2}, processes
the part of stream L%(F) that is relevant to it, denoted as
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Fig. 3. Core structure of the turbo decoder made up of two SISO decoders

DEC1 and DEC2 connected through an interleaving pair 7 /7.

Amuw»ZmY

L’Z(Xl)L‘a(C) :
- S-DEC| s (-

Extrinsic information

Fig. 4. Structure of a BITCM receiver module required to implement a single
decoding iteration. This module processes (m + 3) a priori LLR sequences
and generate their corresponding extrinsic LLRs. For clarity sake, the delay
elements required for proper operation are omitted.

L'=(FE) in Fig. 3, as well as some a priori information L= (U),
regarding the sequence U of information bits, which was
produced by the other constituent decoder at the previous
iteration. Based on both sequences, decoder DEC-z generates
two extrinsic sequences Li*(E) and L!=(U) to be used at
next iteration by the demapper-shaping decoder pair and the
other constituent decoder, respectively. The reader is referred
to [30], [31] for more details regarding the algorithm used
to produce LLR sequences L!*(E) and L!=(U). Finally,
the turbo decoder generates the extrinsic sequence LI(E)
representing the added value of this decoder to the a priori
sequence Lt (FE).

After S/P conversion of this LLR stream and interleaving of
the m parallel sequences thus generated (7;,j € {1,...,m}),
we obtain the sequences L%(X;),j € {2,..,m}, and that
composed of L blocks L2 (M) to be used as a priori infor-
mation at the next iteration by the demapper and the shaping
decoder, respectively.

As a summary, Fig. 4 shows the structure of a BITCM
receiver module that implements, in practice, a single decoding
iteration. Each module processes (m-+3) sequences of a priori
LLRs, all of them generated by the previous module, in order
to produce the corresponding streams of extrinsic LLRs that
will be used by the next module.

III. PERFORMANCE OF THE PROPOSED BITCM SYSTEM

The error performance of our BITCM system is investigated
in this section. To this end, we consider the example of a
3-bit/dim 16-PAM BITCM scheme for which the achievable
shaping gains are evaluated and computer simulation results
are given. It is also shown that it is possible to simplify
the receiver structure without significant error performance
degradation.

47



2228

A. Achievable Shaping Gains

Let s € S and r denote respectively the transmitted signal
and the corresponding received signal. Information theory tells
us that the mutual information I of the discrete-input Gaussian
channel, expressed in bits/dim, is given by [15]-[17]

P(r|s)
ZP(T|S)PI’{S}

seS

“+o0
I:Z/Oo Pr{s}P(r|s)log,

seS Y T

(20
where P(r|s) denotes the transition probability density func-
tion of the AWGN channel. It can be seen from (20) that the
mutual information depends both on the terms P(r|s), i.e. the
signal-to-noise ratio, and also on the probabilities Pr{s} of
transmitting the different signals s € S. Consider a particular
value I of the mutual information. When all probabilities
Pr{s} are equal, this mutual information value is obtained
for a certain SNR, called 7y, which represents the channel
capacity limit of the system in the absence of constellation
shaping. If we apply a shaping algorithm that makes the
probabilities Pr{s} unequal, it is possible to achieve the same
mutual information / with a SNR value, denoted as v;, which
is smaller than ~y. When 7; and g are both expressed in
dB, the potential shaping gain that can be obtained with the
shaping algorithm is simply equal to (yp — 71) dB. Therefore,
the concept of mutual information allows us to determine
the shaping gains achievable with the method proposed in
this paper. Based on (20), it could be shown that the mutual
information for the system described in this paper can be
expressed as

m—1 3vs(r — 8)2

2 exP{ 4m=1(7 — 6Py) — 1}

37s(r — x)? ’
Zp(z)e’(p{_w—l(? —6Py) — 1 }
€S

(2D

where E; , [.] denotes expectation of "." with respect to s and
r, s 1S the average signal-to-noise ratio (SNR) per transmitted
signal, and the term p(z) is equal to P, for = € Sy and equal
to (1 — Py) for x € Sy.

Numerical integration of (21) via the Monte Carlo method
allows us to determine the achievable shaping gain for any
desired mutual information / and any values of parameters m
and Py. Fig. 5 shows the variation of the shaping gain as a
function of Py, when I = 3 bits/dim and m = 4 (16-PAM). It is
seen that the method described in this paper can offer shaping
gains larger than 0.7 dB provided that the shaping code is
designed so that P ranges from 0.69 to 0.85. The maximal
value of the shaping gain is equal to 0.80 dB, and is obtained
when Py ~ 0.78. Such value is 0.14 dB less than that obtained
with the method introduced by Raphaeli and Gurevitz which is

based on a partitioning of 16-PAM into four sub-constellations
[15]-[17].

I =FE,, |log,

B. Choice of Coding Rates R. and R

To guarantee the best error performance at the receiver out-
put, it is important to select carefully the values of parameters
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Fig. 5. Variation of the achievable shaping gain as a function of Py for the
proposed system, when I = 3 bits/dim and m = 4 (16-PAM).

TABLE I
SEVERAL POSSIBLE CONFIGURATIONS FOR DESIGNING A 3-BIT/DIM
16-PAM BITCM SCHEME

[Re [Rs | K[ N] Py [ Es(dB) ]
3 4 0687 | 144
ST B e o I i A R W)
35 (0775 | 232
36 | 35 6100806 | 2.69
T T2 10750 | 205
T T4 0812 T 276
36 [ 0833 303
2 T8 [08% | 29
o7 | 12 —s—0 10837 T 3.08
6 T2 (08T | 327
7T 14 [ 0854 | 3.30
§ 16 [ 0850 | 326
37 0875 | 36
M8 3T T Ta 0875 T 361

R, and R.. We indicate in Table 1 a number of configurations
that are of particular interest for the practical design of our
3-bit/dim 16-PAM BITCM scheme since they correspond to
turbo code rates R, in the form R. = 7, n being an integer.
For complexity reasons, only shaping codes with a number of
codewords smaller than or equal to 28 = 256 (K < 8) are
considered.

The results in Table 1 indicate that all listed configurations
for which R, = %, %, and g are potentially suitable since
they are associated with values of P, that fall within the
appropriate range previously determined by the theoretical
analysis (0.69 < Py < 0.85). On the other hand, the case
R. = % and R; = % corresponds to values of P which are
outside this range, and should therefore not be considered any
further. Obviously, this would also be the case for any other
configuration with 2, > % and R < % This simple analysis
shows that a good design strategy consists of finding the right
balance between the rates of both codes so that the total
available amount of redundancy (1 bit/dim in our example) is
properly shared between shaping coding and channel coding.
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Once suitable configurations have been identified, we can
select the values of K and N that produce the highest energy
saving E; for each configuration. Note that, for a given value
of Ry, increasing K (or N) does not necessarily result in a
larger energy saving (as indicated in Fig. 2). For instance, for
the case Rs = %, the (N = 12, K = 6) code provides the same
energy saving as the (N = 16, K = 8) code despite being four
times simpler to implement (four times lesser codewords).

C. Simulation Results

We simulated the error performance of several 3-bit/dim
16-PAM BITCMs made up of five different shaping codes
identified to be potentially the most attractive ones according
to the results given in Table 1. The (N = 6, K = 3) code was
also considered despite providing a smaller energy saving than
the (N =12, K = 6) and (N = 14, K = 7) codes because it
is interesting to assess the shaping gain that can be achieved
using a very low complexity shaping code.

The rate-%, —%, and —% turbo codes are obtained by punctur-
ing a rate-1/3 turbo code built from two parallel-concatenated
16-state RSC codes with polynomials (23, 31). To ensure
optimal error performance, only parity bits are punctured. We
adopted the puncturing patterns proposed in [32]. The size
of the pseudo-random interleaver separating both RSC codes,
i.e. the length N; of a frame of information bits, can be
either large (Ny = 10000 bits) or small (Ny = 2000 bits).
After transmission of a frame of Ny information bits, the
trellis of the first RSC encoder is reset to the all-zero state.
Turbo decoding is performed in 10 iterations, and the log-
MAP algorithm is used for the decoding of each RSC code.
In all cases, Gray mapping is such that maximum protection
is offered to parity bits. Figs. 6 and 7 show graphs of BER
versus %L for several 3-bit/dim 16-PAM BITCM schemes, for
large and small frames, respectively. The BER curves obtained
without shaping are also displayed for comparison purposes.

From Figs. 6 and 7, it is seen that the shaping technique
described in this paper allows for significant error performance
improvement for both frame sizes. For instance, at a BER of
1075, we achieve, with the (N = 14, K = 7) code, shaping
gains equal to 0.72 dB and 0.78 dB, for N; = 10000 and
2000 bits, respectively. These simulation results indicate that
the best shaping code is the (N = 14, K = 7) code, closely
followed by the (N = 12, K = 6) and (N = 10, K = 6)
codes. As expected, smaller, but still significant, shaping gains
of 0.42 and 0.50 dB are achieved when using the very low-
complexity (N = 6, K = 3) code, for Ny = 10000 and 2000
bits, respectively.

D. Simplification of Receiver Structure

The receiver structure depicted in Figs. 1 and 4 may
seem complicated due to the four iterative loops operating
in parallel. It is therefore desirable to simplify such structure.
Hereafter, we propose to show that, in most practical cases, it
is possible to remove the demapper from the iterative decoding
loop without degrading the overall error performance. This
obviously results in a tremendous simplification of the receiver
structure since two iterative loops are then eliminated.
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Fig. 6. BER performance comparison over AWGN channel between several
3-bit/dim 16-PAM BITCM schemes operating on large frames (Ny = 10000
bits). Turbo decoding is performed in 10 iterations. The results are given
for five different shaping codes. For comparison purposes, the BER curve
obtained with the equivalent BITCM system without shaping is also plotted.

In the existing literature about convolutional-coded BICM,
it has been widely reported that iterative demapping is not
beneficial when Gray mapping is employed (see, e.g., [21],
[25]). On the other hand, some studies have reached opposite
conclusions since they have indicated that iterative demapping
with Gray mapping can actually bring some substantial per-
formance improvement [14], [28], [29]. It is thus necessary to
further clarify this point.

To this end, let us focus on a particular extrinsic LLR
Ld(z; ;) generated by the demapper, and assume that, in
addition to the channel sample 7;, some a priori information
Lg(xi,l_,m,#j) regarding the values of bits z;;,1 € {1,...,5—
1,7 + 1,...,m} is made available to this demapper. It is
well known that the demapper produces an erroneous LLR
L4(z; ), i.e. an LLR L%(x; ;) that would generate a bit error
after hard decision, when the detected signal sg is different
from the transmitted signal s! and the j-th bits in the labels
of s¢ and s! are different.

Consider first the case where 5? and sﬁ are nearest neighbor
signal points. With Gray mapping, the labels of two nearest
neighbor signal points can differ by only one bit. This implies
that the (m—1) bits in positions I, € {1, ...,j—1,j+1,...,m},
in the labels of s¢ and st are identical. Therefore, any a priori
knowledge regarding the values of bits z;;,l € {1,...,5 —
1,7 + 1,...,m} cannot help the demapper in producing a
more reliable LLR L¢(x; ;). In such case, iterative demapping
does not improve the error performance of the whole BITCM
system.

The situation is different when s¢ and s! are not nearest
neighbor signal points. In this case, the (m—1) bits in positions
I,le{l,...,j—1,54+1,...,m}, in the labels of these particular
signal points are not all identical. As a result, some a priori
knowledge L¢(x; 1—.m ;) generally allows the demapper to
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Fig. 7. BER performance comparison over AWGN channel between several
3-bit/dim 16-PAM BITCM schemes operating on small frames (Ny = 2000
bits). Turbo decoding is performed in 10 iterations. The results are given
for five different shaping codes. For comparison purposes, the BER curve
obtained with the equivalent BITCM system without shaping is also plotted.

perform a better distinction between both signal points, and
thus generate a more reliable estimate LY(x; ;).

We conclude that, when Gray mapping is employed, it-
erative demapping does improve performance only if there
is a significant percentage of error events that are due to
some confusion between non-nearest neighbor signal points.
On AWGN channels, these error events only occur at low
SNR. To illustrate this statement, we evaluated via computer
simulations the percentage, Neqyor, Of such error events as
a function of the SNR % for four different uncoded 2"-
PAM constellations. The results, plotted in Fig. 8, confirm
that the probability that transmitted and detected signals are
not nearest neighbors is significant only at low SNR values.
Hence, iterative demapping can only be beneficial for BITCM
systems operating at these low SNR values. By exploiting the
results given in Fig. 8, we found that, as a rule of thumb,
the error performance of a 2™-PAM BITCM scheme can be
improved by iterative demapping as long as the data rate R
is less than or equal to (m — 2) bits/dim. On the other hand,
if the desired rate is R = (m — 1) bits/dim, then iterative
demapping is not beneficial.

As an example, Fig. 9 displays the BER curves obtained
with two 16-PAM BITCM schemes using turbo codes with
rates R, = % and % in order to achieve data rates of 2 bits/dim
and 3 bits/dim, respectively. No shaping code is employed in
both cases. From Fig. 9, it is clearly seen that the use of
iterative demapping does improve the error performance of
the 2-bit/dim scheme by approximately 0.3 dB, but does not
affect that of the 3-bit/dim system.

Shannon theory tells us that the best choice for designing
a (m — 1)-bit/dim coding scheme based on PAM signalling
consists of employing a constellation with 2" signal points.
In fact, the use of a larger signal set would only increase the
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Fig. 8. Percentage, Nerror, Of error events due to a confusion between two

signal points that are not nearest neighbors as a function of &, for four
uncoded 2"*-PAM constellations and transmission over AWGN channel.

system complexity while keeping the error performance un-
changed [33]. This is the reason why 2-PAM constellations
are, in practice, seldom used for transmitting information at
rates of (m — 2) bits/dim or less. Taking into account the
conclusions reached earlier, we can therefore state that, in
most cases of practical interest, it is possible to remove the
demapper from the iterative decoding loop without degrading
the error performance of the whole system.

Fig. 10 shows the corresponding simplified receiver struc-
ture. The only difference between such block diagram and that
of a classical BITCM receiver (see, e.g., [34]) is the presence
of a SISO shaping decoder fed, at each iteration, with blocks
L:(C) and L3 (M) generated by demapper and turbo decoder,
respectively. The task of this shaping decoder is to generate the
extrinsic information L (M) to be processed at next iteration
by the turbo decoder. Note that, with such simplified structure,
both SISO constituent decoders DEC-x, x € {1, 2}, embedded
inside the turbo-decoder are no longer required to produce
extrinsic LLRs of the parity bits since, in practice, only LLRs
of the information bits are exchanged between turbo and
shaping decoders. This further simplifies the receiver structure.

To check the conclusions reached in this sub-section, we
performed some computer simulations on a 3-bit/dim 16-PAM
BITCM system using a (N = 14, K = 7) shaping code. The
results, which are not displayed here due to the lack of space,
clearly confirmed that the demapper can be removed from the
iterative decoding loop without any noticeable performance
degradation.

Finally, it is interesting to compare the error performance of
the 3-bit/dim 16-PAM system proposed in [15]-[17], hereafter
referred to as Raphaeli’s scheme, with that of our system with
N = 14 and K = 7. We have represented in Fig. 11 six
BER plots obtained using both approaches, for frame sizes N
equal to 2000, 1000, and 500 bits. All these systems employ
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Fig. 9. BER performance comparison over AWGN channel between several
16-PAM BITCM schemes using turbo codes with rates R. = % and % in
order to achieve data rates of 2 bits/dim and 3 bits/dim, respectively, with and
without iterative demapping. The frame size is 10000 bits and turbo decoding
is performed in § iterations.
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Fig. 10. Structure of the simplified BITCM receiver. The demapper has been
removed from the iterative decoding loop.

the same turbo code built from two parallel-concatenated 16-
state RSC codes with polynomials (23, 31). In all cases, both
RSC codes are decoded using the log-MAP algorithm and
10 iterations are used at the receiver side without including
the demapper inside the decoding loop. By examining these
results, it is seen that Raphaeli’s scheme outperforms our
system at high-to-medium error rates. However, as the SNR
is increased, the performance gap between both approaches
diminishes. For BERs smaller than approximately 10~% —
1072, our scheme actually turns out to be the most power-
efficient.

The method introduced in [15]-[17] is based on a parti-
tioning of 16-PAM into four sub-constellations. It provides
a potential shaping gain which is between 0.1 and 0.2 dB
higher than that achieved with our technique. However, this
is not the main reason behind the superiority of Raphaeli’s
scheme at low SNR. From Fig. 11, we observe that the
convergence threshold of our BITCM receiver is about 0.5
dB higher than that of Raphaeli’s receiver. We recall that
the convergence threshold is defined as the minimal SNR at
which the iterative decoding algorithm is able to converge, i.e.
decrease the bit error rate between two successive iterations.
In fact, the higher convergence threshold obtained with our
method is essentially due to the presence of a shaping decoder
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Fig. 11. BER performance comparison over AWGN channel between several
3-bit/dim 16-PAM BITCM systems designed using either Raphaeli’s method
or the technique proposed in this paper with N = 14 and K = 7. The
schemes operate on frame sizes N 7 equal to 2000, 1000, and 500 bits. All
systems employ the same turbo code built from two parallel-concatenated
16-state RSC codes with polynomials (23, 31). In all cases, both RSC codes
are decoded using the log-MAP algorithm and 10 iterations are used at the
receiver side without including the demapper inside the decoding loop.

inside the receiver. To understand the negative impact of this
decoder on the convergence threshold, one must remember
that a shaping code is neither an error-correcting code nor
a systematic code. This is why the error probability at the
output of a shaping decoder is significantly greater than the
error probability at its input. As a direct consequence, the
insertion of such decoder inside an iterative decoding loop
does increase the convergence threshold of the receiver. The
fact that Raphaeli’s scheme does not use any shaping code
makes it more power-efficient than our scheme in the low
SNR region.

At larger SNR, Raphaeli’s scheme is outperformed by our
system. In the 3-bit/dim 16-PAM Raphaeli’s scheme, a time-
varying puncturing device is placed at the output of a rate-
1/2 turbo encoder. Such device operates on groups of six
coded bits composed of three information bits and three parity
bits. The puncturing pattern applied to the three parity bits
depends on the values of the three corresponding information
bits, and is therefore random. In some cases (one in four),
none of the three parity bits are actually transmitted. The
problem with such a random puncturing strategy is that some
sequences of information bits are left completely unprotected
since they are associated with no parity bit at all. The number
of these sequences is low compared to the total number of
possible sequences, which explains why the turbo decoder
still performs very well at low SNR. However, it is well
known in coding theory that the existence of a few unprotected
sequences is very detrimental to the asymptotic performance
of the decoder. The error floors exhibited by the BER curves
in Fig. 11 are a clear indication of the existence of these
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unprotected sequences in Raphaeli’s system. On the other
hand, our system uses a regular puncturing pattern at the
turbo-encoder output. This conventional puncturing strategy
guarantees a good asymptotic behaviour, and therefore makes
our system more suitable than Raphaeli’s scheme when low
BER values (< 10~%) are targeted.

As for the complexity issue, the comparison between both
approaches is quite straightforward. Assume that a classical
BITCM without shaping is taken as a reference. To implement
the shaping method proposed in [15]-[17], we just need to
slightly modify the demapping function in order to cope with
the fact that several groups of coded bits can be associated
with the same constellation signal point. If we assume that this
demapping function is not even part of the iterative decoding
loop, i.e. used only once no matter how many iterations
are performed, Raphaeli’s scheme can be considered as only
marginally more complicated than a traditional BITCM system
without shaping. It is therefore less complex than our system
because the implementation of the latter requires the insertion
of a shaping decoder inside the iterative decoding loop.
However, as long as this shaping decoder operates on short
blocks, we can state that the complexity difference between
both approaches remains quite moderate.

IV. CONCLUSIONS

A novel method to combine constellation shaping and
BITCM has been proposed and studied in this paper. Our
technique consists of inserting a single short-length binary
shaping code between turbo coding and modulation blocks.
The corresponding receiver structure is originally made up
of four main blocks (demapper, shaping decoder, and two
constituent RSC decoders) exchanging extrinsic information.
Simulation results carried out on a 3-bit/dim BITCM em-
ploying 16-PAM constellation, or equivalently a 6-bit/s/Hz
BITCM using 256-QAM signal set, indicated that, by carefully
selecting the shaping code parameters, it is possible to achieve
shaping gains almost equal to 0.8 dB. It has also been shown
that the demapper can be removed from the iterative decod-
ing loop while keeping this shaping gain value unchanged,
thus resulting in a tremendous simplification of the receiver
structure at no cost in terms of error performance. All results
achieved throughout this work lead to the conclusion that our
shaping technique can substantially improve the performance
of high spectral efficiency BITCM schemes over AWGN
channels while adding little complexity to these schemes.
Finally, note that the method introduced here can be applied
in a straightforward manner to BICM systems employing low-
density parity-check codes [35], [36] in place of turbo codes.
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Abstract— We present an improved version of the bit-
interleaved turbo-coded modulation (BITCM) scheme with con-
stellation shaping originally introduced in [3]. Simulation results
carried out on a 3-bit/dim 16-PAM BITCM indicate that, by
implementing an iterative decoding algorithm at the receiver
side, it is possible to obtain shaping gains almost equal to 0.8 dB,
which is very close to the maximal achievable values predicted by
theory. It is also shown that, in most practical cases, the receiver
structure can be simplified by removing the demapper from the
iterative decoding loop, without any performance degradation.

I. INTRODUCTION

For power- and bandwidth-efficient communications over
additive white Gaussian noise (AWGN) channels, some tech-
niques have recently been proposed to apply constellation
shaping principles to the design of bit-interleaved turbo-
coded modulation (BITCM) [1] - [3]. Sommer and Fettweis
were the first to consider the use of constellation shaping
for improving the error performance of BITCM schemes
[1]. Their idea consisted of employing non-uniform pulse-
amplitude modulation (PAM) constellations for which signal
points are transmitted with equal probabilities but are placed
on the one-dimensional (1-D) axis according to a Gaussian
distribution [4]. Recently, Raphaeli and Gurevitz introduced a
more power-efficient method in which a variable-rate turbo
code is followed by a Huffman code mapping onto non-
equiprobable signal points of a PAM constellation [2]. The
turbo code rate is matched to the Huffman code using time-
varying puncturing so that both data rate and transmitted
signal rate remain constant. With such technique applied to
16-PAM, shaping gains of approximately 0.6 and 0.9 dB
can be achieved for data rates equal to 2- and 3-bits/dim,
respectively. A third method to combine constellation shaping
and BITCM was introduced in [3]. It relies on the partitioning
of a Gray-mapped constellation into several equal-sized sub-
constellations of increasing average energy, and the use of
a shaping code specifying the sequence of sub-constellations
so that low-energy signals are transmitted more often than
high-energy signals [5]. This technique is quite simple to
implement and requires very little change in the classical
BITCM structure. However, it achieves shaping gains that are
approximately 0.3 - 0.4 dB smaller than those obtained using
Raphaeli’s method.

U | Turbo
encoder

Fig. 1. Structure of the BITCM transmitter using constellation shaping.

In this paper, we propose to modify the BITCM structure
originally introduced in [3] so as to improve its error perfor-
mance, and thus attempt to bridge the gap with Raphaeli’s
approach, while keeping its complexity low. The main idea
consists of designing the transmitter differently so that an
efficient iterative decoding strategy can be implemented.

The organization of this paper is as follows. In Section
II, the general structure of the modified BITCM scheme is
presented. Particular attention is paid to the description of the
iterative decoding algorithm that involves several constituent
blocks at the receiver side. Then, we consider in Section III
an example for which various computer simulation results are
given, and show that the receiver structure can be simplified
in most practical cases without any significant performance
degradation. Finally, Section IV presents conclusions of this
work.

II. STRUCTURE OF THE MODIFIED BITCM SYSTEM

In this Section, a notation in the form V = (v;); shall
be used to denote a block/sequence V' composed of I scalar
quantities v;,¢ € {1,...,I}, that can be either bits or log-
likelihood ratios (LLRs) associated to bits.

A. BITCM transmitter structure

The proposed BITCM transmitter structure is shown in Fig.
1. A frame U = (up)n, composed of Nj information bits
up,p € {1,...,N¢}, is encoded by a rate-R. binary turbo
encoder made up of two parallel-concatenated recursive and
systematic convolutional (RSC) codes separated by a random
interleaver [6]. The coded sequence FE is divided, using a
serial-to-parallel (S/P) converter, into m parallel sequences
which are then bit-interleaved separately in a random fashion
(rj,7 € {1,...,m}). The bit stream available at the first
interleaver output (71) is broken into L successive K-bit
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blocks M = (my)k. Each block M is fed into a block
shaping encoder (S-ENC) which generates a corresponding
N-bit codeword C = (c¢,)n, with N > K. The rate of
this encoder is thus Ry = % The sequence of codewords
at the shaping encoder output, whose length is equal to LN
bits, is then randomly interleaved (7). The S/P converter is
designed so that the length of the (m — 1) sequences fed into
interleavers 7;,j € {2,...,m}, is also equal to LN bits. This
S/P converter is therefore not a standard one since the first
sequence contains only LK coded bits, i.e. fewer bits than the
other (m—1) sequences. Hereafter, we use the notations X; =
(xi1)ey and X; = (255)n,J € {2,...,m}, to designate
the binary sequences at the output of interleavers 7, and
m;, respectively. Finally, a vector (x; 1,22, ..., Zim), Where
x;,; denotes the i-th bit in sequence X;,j € {1,...,m}, is
mapped onto a signal point of a 2"-PAM constellation, called
S, according to Gray labeling. The transmission of a frame of
Ny = R.L[K + N(m — 1)] information bits is performed by
emitting LN successive signal points s;,7 € {1,..., LN }. The
data rate R is thus given by R = R.(Rs; + m — 1) bits/dim,
and is lower than the rate R’ = mR, bits/dim obtained with
an equivalent BITCM scheme without shaping code. Hence,
the use of a shaping encoder results in a loss in data rate that
can simply be compensated for by changing the puncturing
pattern at the turbo encoder output.

The constellation S is partitioned into two sub-constellations
Sp and S; so that Sy contains the 2! signal points of lowest
energies, whereas S; is composed of the 2! signal points
of highest energies [5]. The Gray mapping is performed in
such a way that bits z; ;, which are originally generated by
the shaping encoder, are used to select one of these sub-
constellations. Assuming that x; ; = 0 leads to the selection
of Sy, the shaping encoder is designed so that Pr{z; ; = 0} >
Pr{z; 1 = 1}, i.e. Sy is emitted more frequently than S;. Since
the average energy of signal points in Sg is lower than that in
Sy, it results in some energy saving at the transmitter output
with respect to the case where Sp and S; are used with equal
probabilities. The energy saving E, in decibels (dB), can be
evaluated using

Ey+ Eq
(P()Eo + [1 — Po]El) ’

where Ey and F; are the average signal energies in Sp
and Si, respectively, and F, designates the average value of
Pr{c, = 0} at the shaping encoder output. The shaping gain,
which represents the actual energy saving, is obtained after
the loss in data rate has been compensated for.

Es =10log; 2 @))]

B. BITCM receiver structure

The block diagram of the BITCM receiver is depicted in
Fig. 2. In order to optimize the error performance, demap-
ping, shaping decoding and channel decoding are performed
according to an iterative algorithm [7]. In our receiver, there
are four iterative loops operating in parallel and allowing for
information exchange between demapper and turbo decoder,
demapper and shaping decoder, turbo decoder and shaping
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Fig. 2. Structure of the ierative BITCM receiver.

decoder, and finally both constituent decoders inside the turbo
decoder. In this Sub-section, the operation and the role of the
different modules used in the receiver is explained. Note that,
hereafter, the notation L2 (v), a € {a,e}, 8 € {d, s,t}, is used
to denote the LLR of v, v being either a bit or a block/sequence
of bits.

1) The demapper: For each transmitted frame of LN signal
points s;,i € {1,..., LN}, the corresponding received frame
is composed of LN channel samples 7; that can be expressed
as r; = s; + n;, where n; is a Gaussian noise sample with
zero mean and variance o2 = %,No being the one-sided
power spectral density of white Gaussian noise. The role of
the demapper is to compute, for each index ¢, the extrinsic
LLRs Ld(z;;),j € {1,..,m}. To this end, it processes,
at each iteration, sample r; as well as m a priori LLRs
L4z, ),7 € {1,...,m}, representing the extrinsic information
generated by both shaping and turbo decoders at the previous
iteration. Using a calculation similar to that in [8] - [10],
we could show that the computation of LLRs LZ(x; ;) is
performed using

. §)2 m
Z exp{fu + Z Sle(xi,l)}
No .
d ses} I=1,#j
L¢(wiz) = In ( ER
T — S d
3 exp{_To s _leam,l)}
s€sy =1,#j

2
where S; denotes the subset of signals s € S whose labels
have the value ¢t € {0,1} in position j € {1,...,m}, and
s; € {0,1} is the value of the label of signal s in position [.
Note that, at the first iteration, the initial value of a priori
LLR L¢(x;1) is not equal to zero since, due to the presence
of a shaping encoder, there is already some preliminary
knowledge about the value of bit x; ; before the first iteration
starts. The initial value of LLR L%(x;1),i € {1,..., LN}, is
computed using

1 —Pr{x;1 =0}

Li(z;1) =1
a(x 71) n Pr{x,i,l = 0}

(3)

The average value of Pr{z;1 = 0} over a frame of LN
transmitted signals s; is equal to Py. The LN probabilities
Pr{z;1 = 0} are known to the receiver.

Authorized licensed use limited to: Fish & Richardson PC. Downloaded on August 22,2022 at 14:23:12 UTC from |IEEE Xplore. Restrictions apply.

56



Turbo — Coding - 2006

2) The shaping decoder: For each frame of LN received
channel samples 7;, the demapper produces m parallel se-
quences L4(X;) = (L&(xi;))n,j € {1,....,m}. The first
sequence LZ(X,) is de-interleaved (') and broken into L
blocks L5 (C) = (L(cy))n. At each iteration, the task of the
SISO shaping decoder (S-DEC) is to produce both extrinsic
LLRs L(M) = (L:(my))x and LE(C) = (Li(cn))n- The
LLRs L:(M) are to be processed by the turbo decoder at
the same iteration, whereas LLRs L(C') will be used by the
demapper at the next iteration. The shaping decoder is not only
fed with a priori LLRs L2(C') produced by the demapper,
but also with a priori LLRs L (M) representing the extrinsic
information generated by the turbo decoder at the previous
iteration. Since shaping codes typically operate on very short-
length blocks, it is realistic to use the MAP algorithm for
the shaping decoding. Hence, in order to compute L5(M),
the SISO shaping decoder evaluates, for k € {1,..., K}, the
expression

Pr{m;, =1, L3(M), L;(C)}
Pr{my, = 0, L3 (M), L5 (C)}

a

L5(m) :m[ — L3(my), @)

which is equivalent to

Y Pr{Li(C), L (max )| M}
MeQl

Li(mg) =In , (5)
> Pr{L3(C), L (m1xc24)| M}
MeQ,
where QZ t € {0,1}, denotes the set of all
blocks M for which m; = t (|Q) = [Q4]), and

Pr{L:(C), L (mi—k k)| M} designates the probability of
receiving all input LLRs except L£(my,) given the transmis-
sion of a particular block M. Developing (5), one could show
that extrinsic LLRs LS(my), k € {1,..., K}, are given by

K N
Z exp Z tiL (mg) + Z tnfg(cn)
n=1

MeQj] I=1,#k
L? =1 b
e(mk) n % I ]
Z exp Z t L3 (my) + Z tn L (cn)
MEQ% l=1,#k n=1

(6)
where ¢; € {0, 1} is the value of the [-th bit in the block M
under consideration and ¢,, € {0,1} is the value of the n-th
bit in the codeword C' associated to this particular block. The
LLR L:(cy,) is defined as L3(c,) = L:(c,) — Ly, where the
term L,,n € {1,..., N}, accounts for the a priori knowledge
regarding bits ¢,, available before the first decoding iteration
starts, and is computed using

1 —Pr{c, =0}
Pr{c, =0} } '

The expressions of extrinsic LLRs LZ(cy,),n € {1,..., N},
are very similar to (6) but are not given here due to the

L. —n [ ™)
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lack of space. Equation (6) indicates that the computational
complexity of the MAP decoding algorithm can become pro-
hibitive for high values of K and N. In particular, the number
of additions required for the evaluation of this expression
increases exponentially with K since [Q9] = [Qf] = 251
However, for small values of parameters K and N, the com-
putational complexity of (6) remains of reasonable complexity.
We will see later that shaping gains close to the maximal
values predicted by theory can be achieved using small values
of K and N.

3) The turbo decoder: The sequences LI(X;) =
(Ld(zi;))nsj € {2,...,m}, as well as that composed of
L blocks L:(M) are de-interleaved separately (w‘;l, j €
{1,...,m}), and then combined together through the P/S
converter to form a single LLR stream L’ (FE) used as an a
priori information by the turbo decoder. The latter is made up
of two SISO constituent decoders separated by an interleaving
pair corresponding to the interleaving embedded in the turbo
encoder [6]. A constituent decoder processes the part of stream
Lt (E) that is relevant to it as well as some a priori informa-
tion, regarding the sequence U of information bits, produced
by the other constituent decoder at the previous iteration.
Based on both sequences, each decoder generates two extrinsic
sequences to be used at next iteration by the demapper-shaping
decoder pair and the other constituent decoder. The reader
is referred to [11] for more details regarding the algorithm
used to produce LLR sequences. Finally, the turbo decoder
generates the extrinsic sequence L% (E) representing the added
value of this decoder to the a priori sequence LY (E).

After S/P conversion of this LLR stream and interleaving of
the m parallel sequences thus generated (7;,j € {1,...,m}),
we obtain the sequences L%(X;),j € {2,..,m}, and that
composed of L blocks L (M) to be used as a priori infor-
mation at the next iteration by the demapper and the shaping
decoder, respectively.

III. PERFORMANCE OF THE MODIFIED BITCM SYSTEM

We now consider the example of a 3-bit/dim 16-PAM
BITCM scheme for which computer simulation results are
given. We recall that, for such scheme, the potential shaping
gain achievable with our technique can be larger than 0.7 dB
provided that the shaping code is designed so that P, ranges
from 0.69 to 0.85. Its maximal value is equal to 0.80 dB, and
is obtained for Py ~ 0.78 [3].

A. Choice of coding rates R. and R

To guarantee the best error performance at the receiver out-
put, it is important to select carefully the values of parameters
R and R.. We indicate in Table I a number of configurations
that are of particular interest for the practical design of our
3-bit/dim 16-PAM BITCM scheme since they correspond to
turbo code rates R, in the form R, = #7 n being an integer.
For complexity reasons, only shaping codes with a number
of codewords smaller than or equal to 28 = 256 (K < 8)
are considered. The results in Table I indicate that all listed

configurations for which R. = %, %, and % are potentially
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TABLE 1
SEVERAL POSSIBLE CONFIGURATIONS FOR DESIGNING A 3-BIT 16-PAM
BITCM SCHEME

[Re [Rs [K [ N | P | Bs (@B) ]
31 4 0687 | 144
S T I ) A I A R W)
35 075 | 232
6135 510 10806 | 2.69
T2 0750 205
> T4 0812 276
376 [ 0833 [ 303
48 (088 29
67 1 12 51510837 | 308
6 T2 [ 08T [ 327
7114 0854 | 330
§ 16 [ 0850 | 3.6
37 (085 | 36
T A 08 | 361

suitable since they are associated with values of P, that fall
within the appropriate range (0.69 < Py < 0.85). On the other
hand, the case R, = % and R; = % corresponds to values
of Py which are outside this range, and should therefore not
be considered any further. This would also be the case for
any other configuration with R, > % and Ry < % This
simple analysis shows that a good design strategy consists
of finding the right balance between the rates of both codes
so that the total available amount of redundancy (1 bit/dim
in our example) is properly shared between shaping coding
and channel coding. Once suitable configurations have been
identified, we can select the values of K and N that produce
the highest energy saving E, for each configuration. Note
that, for a given value of R, increasing K (or NN) does
not necessarily result in a larger energy saving. For instance,
for the case Rs = %, the (N = 12, K = 6) code provides
slightly more energy saving than the (N = 16, K = 8) code
despite being four times simpler to implement (four times
lesser codewords).

B. Simulation results

We simulated the error performance of several 3-bit/dim
16-PAM BITCMs made up of five different shaping codes
identified to be potentially the most attractive ones according
to the results given in Table I. The (N = 6, K = 3) code
was also considered despite providing a smaller energy saving
than the (N = 12, K = 6) and (N = 14, K = 7) codes
because it is interesting to assess the shaping gain achieved
using a very low complexity shaping code. The rate—%, —%,
and -g turbo codes are obtained by puncturing a rate-1/3 turbo
code built from two 16-state RSC codes with polynomials (23,
31). We adopt the puncturing patterns proposed in [12]. The
size of the pseudo-random interleaver separating both RSC
codes, i.e. the length Ny of a frame of information bits, can
be either large (IN; = 10000 bits) or small (N = 2000 bits).
After transmission of a frame of N; information bits, the
trellis of the first RSC encoder is reset to the all-zero state.
Turbo decoding is performed in 10 iterations, and the log-
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Fig. 3. BER performance comparison over AWGN channel between several
3-bit/dim 16-PAM BITCM schemes operating on large frames (N = 10000
bits). Turbo decoding is performed in 10 iterations. The results are given
for five different shaping codes. For comparison purposes, the BER curve
obtained with the equivalent BITCM system without shaping is also plotted.

LE-01 ¢
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Fig. 4. BER performance comparison over AWGN channel between several
3-bit/dim 16-PAM BITCM schemes operating on small frames (Ny = 2000
bits). Turbo decoding is performed in 10 iterations. The results are given
for five different shaping codes. For comparison purposes, the BER curve
obtained with the equivalent BITCM system without shaping is also plotted.
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MAP algorithm is used for the decoding of each RSC code.
In all cases, Gray mapping is such that maximum protection
is offered to parity bits. Figs. 3 and 4 show graphs of BER
versus % for several 3-bit/dim 16-PAM BITCM schemes, for
large and small frames, respectively. The BER curves obtained
without shaping are also displayed for comparison purposes.

From Figs. 3 and 4, it is seen that the shaping technique
described in this paper allows for significant error performance
improvement for both frame sizes. For instance, at a BER of
1075, we achieve, with the (N = 14, K = 7) code, shaping
gains equal to 0.72 dB and 0.78 dB, for Ny = 10000 and
2000 bits, respectively. These simulation results indicate that
the best shaping code is the (N = 14, K = 7) code, closely
followed by the (N = 12, K = 6) and (N = 10, K = 6)
codes. As expected, smaller, but still significant, shaping gains
of 0.42 and 0.50 dB are achieved when using the very low-
complexity (N = 6,K = 3) code, for N; = 10000 and
2000 bits, respectively. The shaping algorithm proposed by
Raphaeli and Gurevitz can improve the performance of a 3-
bit/dim 16-PAM BITCM scheme by almost 0.9 dB [2]. Such
gain is approximately 0.1 dB higher than that obtained with
our method. This small performance difference is due to the
more refined partitioning of 16-PAM employed by Raphaeli
(four sub-constellations instead of only two with our method).

C. Simplification of receiver structure

The receiver structure depicted in Fig. 2 may seem com-
plicated due to the four iterative loops operating in parallel.
Hereafter, we propose to show that, in most practical cases,
it is possible to remove the demapper from the iterative
decoding loop without degrading the error performance of
the system. This obviously results in a simplification of the
receiver structure since two iterative loops are then suppressed.
In the literature on bit-interleaved coded modulation, it has
been widely reported that iterative demapping is not beneficial
when Gray mapping is employed (see, e.g., [8] - [10]). On the
other hand, some studies have reached opposite conclusions
since they have indicated that iterative demapping with Gray
mapping can actually bring some substantial performance
improvement [1], [7]. To further clarify this point, let us
focus on a particular extrinsic LLR L%(z; ;) generated by the
demapper, and assume that, in addition to the channel sample
r;, some a priori information Lg(xi’lﬁm,#) regarding the
values of bits x;;,0 € {1,....,5 — 1,7 + 1,...,m} is made
available to this demapper. It is well known that the demapper
produces an erroneous LLR LY(z; ;), i.e. an LLR LY(z; ;)
that would generate a bit error after hard decision, when the
detected signal s¢ is different from the transmitted signal s!
and the j-th bits in the labels of s¢ and st are different.

Consider first the case where s¢ and s! are nearest neighbor
signal points. With Gray mapping, the labels of two nearest
neighbor signal points can differ by only one bit. It implies that
the (m — 1) bits in positions [, € {1,...,7—1,j+1,...,m} in
the labels of s¢ and s! are identical. Therefore, any a priori
knowledge regarding the values of bits x;;,l € {1,...,5 —
1,7+ 1,...,m} cannot help the demapper to produce a more
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reliable LLR L¢(z; ;). In such case, iterative demapping does
not improve the error performance of the BITCM system.
The situation is different when s¢ and s! are not nearest
neighbor signal points. In this case, the (m—1) bits in positions
Lle{l,...j—1,j41,...,m} in the labels of these particular
signal points are not all identical. As a result, some a priori
knowledge Lg(wi,l_)m#j) generally allows the demapper to
perform a better distinction between both signal points, and
thus generate a more reliable estimate L2 (z; ;).

We conclude that, when Gray mapping is employed, it-
erative demapping does improve performance only if there
is a significant percentage of error events that are due to
some confusion between non-nearest neighbor signal points.
On AWGN channels, these error events only occur at low
SNR. Hence, iterative demapping can only be beneficial for
BITCM systems operating at sufficiently low SNR values.
In particular, we found that, as a rule of thumb, the error
performance of a 2™-PAM BITCM scheme can be improved
by iterative demapping as long as the data rate R is less than
or equal to (m — 2) bits/dim. On the other hand, if the desired
rate is R = (m — 1) bits/dim, then iterative demapping is
not beneficial. As an example, Fig. 5 displays the BER curves
obtained with two 16-PAM BITCM schemes using turbo codes

with rates R, = 1 and 2 in order to achieve data rates of

2 bits/dim and 3 %its/dini respectively. No shaping code is
employed in either case. From Fig. 5, it is clearly seen that the
use of iterative demapping does improve the error performance
of the 2-bit/dim scheme by approximately 0.3 dB, but does
not affect that of the 3-bit/dim system. In any case, it is well
known that the best choice for designing a practical m-bit/dim
coding scheme based on PAM signaling consists of employing
a constellation with 2™+ signal points [13]. We therefore
conclude that, in cases of practical interest, it is possible to
remove the demapper from the iterative decoding loop without
degrading the error performance of the whole system.

Fig. 6 shows the corresponding simplified receiver structure.
The only difference between such block diagram and that of
a classical BITCM receiver is the presence of a SISO shaping
decoder fed, at each iteration, with blocks L?(C') and L (M)
generated by demapper and turbo decoder, respectively. The
task of this shaping decoder is to generate the extrinsic
information LE(M) to be processed at next iteration by the
turbo decoder. With such simplified structure, both constituent
decoders embedded inside the turbo decoder are no longer
required to produce extrinsic LLRs of the parity bits since,
in practice, only LLRs of the information bits are exchanged
between turbo and shaping decoders. This further simplifies
the receiver structure.

To confirm the results obtained in this Sub-section, we have
represented in Fig. 7 the BER performance achieved with
and without iterative demapping, for two 3-bit/dim 16-PAM
BITCM schemes operating on either large (INy = 10000 bits)
or small (Ny = 2000 bits) frames. Both schemes employ a
shaping code with K =7 and N = 14 as well as 10 decoding
iterations. The BER plots depicted in Fig. 7 confirm that
iterative demapping does not improve the error performance
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Fig. 5. BER performance comparison over AWGN channel between several
16-PAM BITCM schemes using turbo codes with rates R. = % and % in
order to achieve data rates of 2 bits/dim and 3 bits/dim, respectively, with and
without iterative demapping. The frame size is 10000 bits and turbo decoding
is performed in 8 iterations.
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Fig. 6. Structure of the simplified iterative BITCM receiver.
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Fig. 7. BER performance achieved over AWGN channel with and without

iterative demapping, for two 3-bit/dim 16-PAM BITCM schemes operating
on either large (Ny = 10000 bits) or small (N = 2000 bits) frames. Both
schemes employ a shaping code with K = 7 and N = 14 as well as 10
decoding iterations.
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of a 3-bit/dim 16-PAM scheme for both frame sizes. In other
words, the simplified receiver structure shown in Fig. 6 is
sufficient to obtain the shaping gains previously evaluated from
Figs. 3 and 4.

IV. CONCLUSIONS

The scheme originally introduced in [3] is modified so as
to improve its error performance. Simulation results carried
out on a 3-bit/dim 16-PAM BITCM indicate that, by imple-
menting an iterative decoding algorithm at the receiver side,
performance very close to the theoretical shaping gain values
of 0.7 - 0.8 dB can be achieved. It is also shown that we
can remove the demapper from the iterative decoding loop,
i.e. simplify the receiver structure, without degrading the error
performance of the whole system.

Note that the work described in this paper is, in fact,
applicable to any square QAM constellation because, provided
that Gray mapping is employed, a 22™-QAM signal set can
be viewed as two independent 2™-PAM constellations in
quadrature. In particular, this implies that the work carried
out on our 3-bit/dim 16-PAM BITCM can be directly applied
to the design of a 6-bit/s/Hz 256-QAM BITCM.
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Abstract— Traditional constellations are uniformally spaced.
By giving up uniform spacing, constellations can be designed to
have larger joint (i.e. overall) capacity or parallel decoding ca-
pacity. In this paper non-uniformally spaced (i.e. *geometrically’
shaped) constellations are designed to maximize either of these
quantities. By way of numerical capacity computations we show
that except in special cases, there are no universally optimal
geometirically shaped constellations across all code rates, and
that the optimization of a constellation has to target a specific
code rate. Unlike joint capacity, optimizing for parallel decoding
capacity is label dependent. For PAM and PSK constellations, we
found the maximum parallel decoding capacity to be achieved
using gray (not necessarily binary reflective gray) labels. How-
ever, for PAM constellations, not @l gray labels can yield the
highest parallel decoding capacity. Besides the conventional use of
a (log2(M)—1)/loga (M) code rate with an M-point constellation
for bandwidth efficient communications, the optimized constel-
lations could offer further non-trivial gains at lower code rates
(unlike traditional constellations). An optimized constellation is
used with a state-of-the-art LDPC code and simulation results
are presented. This paper also draws a distinction between
probabilistic shaping and geometric shaping and in fact proves
under broad conditions, that any gain in capacity which can be
found via probabilistic shaping can also be achieved or exceeded
solely through geometric shaping.

I. INTRODUCTION

In this paper, constellations are designed to maximize their
joint or parallel decoding capacity over the Additive White
Gaussian Noise (AWGN) channel. These constellations are
well suited for use in conjunction with medem capacity
approaching codes such as LDPC and Turboe codes.

Although the minimum distance (d,,;,) between constella-
tion points is indicative of the capacity of a constellation only
at relatively high signal-to-noise ratios (SNRs), constellations
have most often been designed to maximize d,.;, [1]. Along
similar lines, since mereasing the dimensionality of a constel-
lation allows larger minimum distance for constant constella-
tion energy per dimension, several researchers have designed
multi-dimensional constellations with good minimum distance
properties e.g. [2][3][41[5][6]. However, in all these efforts the
capacity of the constellation remained limited by a design that
targeted d,,;,,, a measure that is indicative of the performance
of an uncoded system, but is not necessarily a good measure at
low SNRs typical of coded systems, particularly with capacity
approaching codes,

To optimize the capacity of the constellations presented in
this paper, we allow for unequal spacing and unconstrained

Christopher Jones
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California Institute of Technology
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Michael Fitz
Department of Electrical Engineering
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fitz@ee.ucla.edu

labels (although Agrell et al. showed that the binary reflected
gray labeling is optimal in a probability of error sense for
equally spaced constellations [7]). Other researchers have pre-
viously designed unequally spaced constellations to optimize
measures other than capacity. Foschini er ol.. used numerical
optimization to design unequally spaced constellations that
minimize the error rate of an uncoded system [8]. Betts er
al. demonstrated a gain of 0.25 dB when using constellations
designed by warping together with Trellis codes [9].

Sun er @l. [10] showed that with asymptotically large M,
equiprobable, but nen-uniformly spaced signaling can achieve
the Gaussian input distribution. This approach can be approxi-
mated for finite M in an attempt to mimic the Gaussian distri-
bution [11][12]. However, approaches that mimic the Gaussian
input distribution do not parameterize designs based on code
rate, and are apparently limited to one dimensional PAM
constellations. In this paper, we show that careful placement
of constellation points to maximize a capacity measure at a
given SNR vields more efficient constellations. For example,
Sommer and Fettweis [11] achieve a 0.8 dB gain in parallel
decoding capacity for PAM-32 at rate-1/2, while the proposed
optimization technique yields a gain of 1.5 dB, as will be
shown. Unlike the approach of [11], direct optimization of
the constellation points for a given capacity measure yields
different constellations depending on the SNR they are opti-
mized at. The optimized constellations are therefore code rate
dependent.

Shaping techniques provide an alternative approach for
improving energy efficiency. The term shaping is traditionally
applied to techniques that attempt to approximate the capacity
achieving Gaussian input distribution by transmitting some
constellation points with greater frequency than others, an
operation which poses several practical difficulties. In section
VI, we show under broad conditions that any gain in capacity
that can be achieved by probabilistic shaping can also be
achieved or exceeded by equiprobable but non-uniformally
spaced signaling i.e. geometrical shaping.

II. DESIGN METHODOLOGY

A constellation can be parameterized by the total number of
constellation points, A, and the number of real dimensions,
Naim - We will see that, except for trivial cases such as BPSK,
no particular constellation minimizes transmit power across all
code rates. The number of user bits per dimension, 7, is related

1-4244-1429-6/07/$25.00 ©2007 IEEE 1821
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Fig. 1.
the Gaussian Capacity curve.

to code rate, R, as follows:

_ R(log, (M))
h N, dim
In systems where there are no belief propagation iterations
between the decoder and the constellation demapper, the con-
stellation demapper can be thought of as part of the channel.
The capacity of the channel defined as such is the parallel
decoding (PD) capacity, given by
-1
Cpp=> I(X;Y)
=0
where X is the ¢** bit of the {-bits transmitted symbol, and
Y is the received symbol, and I(A; B) denotes the mutual
information between random variables A and B. With belief
propagation iterations between the demapper and the decoder,
the demapper can no longer be viewed as part of the channel,
and the joint capacity of the constellation becomes the tightest
known bound on the system performance.

Cromnr =I{X;Y)

[n this paper, we de not advocate a particular system level
choice regarding the decision to iterate {or not) between de-
coder and detector, but recognize that in various circumstances
PD capacity may be more or less relevant than joint capacity.
We therefore offer designs for both capacity measures. Con-
stellations designed to maximize the joint capacity may also
be particularly suited for codes over GF(g) where g equals
the size of the constellation M.

Constellations and labelings were optimized jointly using
a constrained non-linear optimizer by finding the optimal
location for each label. Constraints included lower and upper
bounds on point locations (with one constellation point fixed
at the upper bound). These bounds limit the search space,

1822
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but do not exclude a global optimum since feasible solutions
are scale independent. [t can easily be shown that an optimal
constellation will have zero mean (no DC component). Explicit
inclusion of a zero mean constraint helps the optimization
routine to converge more quickly.

Optimizing for a particular user data rate requires an itera-
tive process because the optimizing SNR for the to-be designed
constellation is not known & priori. Instead, a capacity-
maximizing constellation is designed for an mitial SNR guess.
The SNR at which this constellation gives the desired rate is
then used for finding a new capacity-maximizing constellation.
Given the new constellation, the SNR at which the desired rate
is achieved is computed. If this SNR is no lower than the SNR
used to find the constellation, the process stops {otherwise it
repeats). We note that throughout this paper, SNR is defined
as the ratio of the average constellation energy per dimension
to the average noise energy per dimension.

We offer no proof that the solutions found herein are
globally optimal. While it would be nice to be able to make
such claims, we maintain that the gains provided in the cases
considered are motivating enough to pursue the question of
global optimality in future work. We note that in case where
exhaustive search is possible, the solution provided by the
constrained non-linear optimizer is in fact globally optimal
{an example of this is given in section III-A.1).

III. EXAMPLES
A. PAM Constellations

This section presents different PAM constellations opti-
mized for several vser data rates. We start by presenting the
joint and parallel decoding capacities for classic constellations
{with the conventional binary reflective gray labels) at different
SNRs. Figure 1 {a) shows the joint capacity for the classic
PAM-2, 4, 8, 16 and 32, together with the Gaussian capacity.
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Figure 1 (b) shows the parallel decoding capacity for the same
constellations together with the Gaussian capacity.

In order to gain a better view of the differences between
these curves at points close to the Gaussian capacity, we
instead plot the SNR gap to Gaussian capacity for different
values of capacity for each constellation as shown in Fig. 2.
It is interesting to note that unlike the joint capacity, at the
same SNR, the parallel decoding capacity does not necessarily
increase with the number of constellation points. This will not
be the case with the optimized constellations.

I} PAM-4: PAM-4 constellations were designed via an
exhaustive search with a resolution of 0.002 with -1 and 1

1823

as the lower and upper bounds on all constellation points. We
obtained the same results using the previously described non-
linear constrained optimization.

At all user data rates, we found the optimized PAM-4
constellations to be symmetric around the origin. Let —a, —&,
b, a denote the location of the 4 points in the constellation
from left to right. The constellation can be fully described by
the ratio r = ‘éTf.

Figure 3 shows r for PAM-4 constellations optimized for
joint capacity/parallel decoding capacity at different SNRs.
As seen in the figure, at low SNR’s PAM-4 constellations
optimized for joint capacity differ from those optimized for
parallel decoding capacity. A constellation optimized for joint
capacity has b = 0 i.e. it looks like a 3-point equally-spaced
constellation with two of the four symbols mapped to zero.
A constellation optimized for parallel decoding capacity has
b = a 1e. a BPSK constellation with two of the four symbols
mapped to a and the other two mapped to —a.

At high SNRs it makes negligible difference whether a
PAM-4 constellation is optimized for joint capacity or par-
allel decoding capacity (Fig. 3). As the SNR increases, r
approaches 1/3, Le. the constellation becomes equally spaced.
This illustrates that constellations designed to maximize the
minimum distance between constellation points are well suited
for high SNRs (as may be used, for example, in unceded
SYStems).

2) Other PAM constellations: After examining the design
of PAM-4 constellations in detail in the previous section, we
now present a summary of the results for the design of PAM-
8, 16, and 32 (it should be noted that BPSK is the optimal
PAM-2 constellation at all code rates). We have optimized the
constellations for joint capacity and parallel decoding capacity
for different target user bits per dimension (i.e. code rates).
The optimized constellations are different depending on the
target user bits per dimensicn, and also depending on whether
they have been designed to maximize the joint capacity or
the parallel decoding capacity. For all the PAM constellations
examined and at all code rates, we found that the labels that
maximize the parallel decoding capacity are gray. However,
not all gray labels achieve the maximum possible decoding
capacity even given the freedom to place the constellation
points anywhere on the real line. Figure 4 (a) shows the SNR
gap to Gaussian capacity for each constellation we optimized
for joint capacity. Figure 4 (b) shows the SNR gap for each
constellation we optimized for parallel decoding capacity.
Again, it should be emphasized that each '+ on the plot
represents a different constellation. As a brief example, Table I
gives results for PAM-8 optimized for 1.5 and 2.0 bits-per-
symbol.

B. PSK Constellations

This section presents one example of optimized PSK con-
stellations. Figure 5 shows a 16 points PSK constellation
optimized for joint capacity and another optimized for par-
allel decoding capacity at SNR=8.87 dB. The constellation
optimized for joint capacity is equally spaced while the one
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{a) SNR gap to Gaussian Capacity for the joint capacity of the classic and the optimized PAM- 2, 4, 8, 16 and 32 constellations (from laft to right

respectively). (b) Gap between the Parallel Decoding Capacity and Gaussian Capacity for the classic and the optimized constellations.

TABLE I
C'pp OPTIMIZED PAM-8 CONSTELLATIONS FOR 1.5 AND 2.0
BITS/SYMBOL
PAM-8 Cpp
1.3 bps 2.0 bps
Label | Value | Label | Value

001 -0.6077 | 011 -0.5812
011 -0.2862 | 010 | -0.3416
010 | -0.2205 110 | -0.2067
110 | -0.0076 111 -0.0522
111 0.0076 101 0.0522
101 0.2205 100 0.2067
100 0.2862 000 0.3416
000 0.6077 001 0.5812

optimized for parallel decoding capacity is not. However, it is
gray labeled and has interesting symmetry properties. We con-
jecture that all PSK or even multi-dimensional spherical (i.e.
equal magnitude) constellations optimized for jeint capacity
will always be uniformally spaced regardless of the code rate,
they are optimized for.

C. QAM and Multi-dimensional constellations

QAM/ multi-dimensional constellations can be constructed
using orthogonal PAM optimized censtellations. More efficient
QAM/ multi-dimensional constellations may be found by joint
optimization in multiple dimensions, which is more complex
and has not been thoroughly investigated yet.

[V. CoDE RATE RULE

The joint capacity of traditional constellations suggests
using a (log2(M) -1)/log2(M) code rate with an M point con-
stellation for bandwidth efficient communication, as illustrated

1824
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Fig. 5. A labelled 16 PSK constellation optimized for Parallel Decoding
Capacity at SNR=8.87 dB along with a non-labelled constellation optimized
for Joint Capacity at the same SNR

by Ungerboeck [13]. This rule can be readily applied to the
optimized constellations. As can be seen in Fig. 4(a), arate 4/5
optimized PAM-32 is 0.72 dB better than traditional PAM-32
in joint capacity.

In addition, however, while only marginal gains that can be
found when using traditional constellations with code rates that
are lower than suggested by the conventional code rate rule,
larger gains can be achieved under the same circumstances
with the optimized constellations. For example, a traditional
PAM-32 constellation at rate 3/5 has a joint capacity that is
only 0.06 dB better than a traditional PAM-16 constellation at
rate 3/4. Using the optimized constellations, this difference is
0.36 dB instead, which may justify using a different code rate
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Fig. 6. Simulation results for a rate 1/2 LDPC code in conjunction with the
classic versus the optimized PAM-32 constellation

rule with the optimized constellations.

V. PERFORMANCE WITH LDPC CoODES

In this section, sample simulation results of systems using
LDPC codes are presented. We compare the performance of
two systems, one using the classic PAM-32 constellation and
the other using our Cpp optimized PAM-32 constellation. A
rate 1/2 Accumulate-Repeat-4-Jagged-Accumulate (AR4JA)
LDPC code [14], is used with a codeword size of 8 kbits
and 32 kbits. Simulation results are presented in Fig. 6. As
seen n the figure there is a significant SNR gap between the
two systems (around 1.2 dB). This compares to the 1.5 dB
gap between the traditional PAM-32 and optimized PAM-32
in Fig. 4(b). It is also clear that performance does not improve
much by iterating between the demapper and the decoder.

VI. SHAPING: GEOMETRIC VERSUS PROBABILISTIC

Using the notation of [15] we compare the mutual informa-
tion of systems with input alphabets X’ and & with elements
and s drawn from random variables X and S that exist in &"
and have equal power constraints EX? = ES5% = P. Symbols
from one or the other alphabet are used to communicate
across a channel that is specified only in so much that its
output alphabet is given by V. Furthermore, the probability of
symbols © € X are constrained to be uniform p(x) = &—‘
while the probability of symbols p(s) for all s £ S are
only constrained to be rational fractions. Based on the above,
the following proposition describes probabilistic shaping as a
special case of geometric shaping:

Proposition I (Shaping): For any given alphabet & with
rational p(s)¥s € S there exists an alphabet & with p(x) =

ﬁ such that I{X;Y) = I{5;Y).

1825

Proof: Define |S| subgroups &; € R and let all elements
of Xy = s; for i = 1,...,|8| Let X = [JI¥ x, 'lfgl'
p(s;), and |X| equal to the lowest common multiple of the
denominators of the rational fractions that define p(s;) for

i=1,...,|5]. This yields I(X;Y) =I(5;Y). [ |

VII. CONCLUSION

In this paper we have shown that constellations designed to
target a specific rate are able to achieve a smaller gap to the
nltimate Shannon limit. No probabilistic shaping is required.
The gains, instead, have been derived via judicious placement
of points in the signaling space.
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1 Digital Television - a First Summary

1.1 Definitions and Range of Application

The expression "digital" is one of the elements of language which has fre-
quently been used and very often misused in the past few years. "Digital"
alone means that there are elements which can be counted on the fingers. In
the everyday language of information technology the expression "digital" is
often used as a synonym for "sampled, quantized and presented in binary
characters". In the field of electronic media technology "digital" is a mark of
quality which was first used when the compact disc (CD) was introduced on
the market and offered to the general public.

The expression "digital studio” describes the introduction of digital signal
forms into radio and television production. The audio and video signals are
sampled by means of predetermined sampling frequencies and quantized by
predetermined numbers of quantization steps. As a rule, further source cod-
ing is not used during processing and distribution, however it may take
place in individual pieces of equipment.

The signals which are received by "digital" television receivers in most
cases are still analogue input signals (NTSC, PAL, SECAM), which are then
internally digitised and processed as digital signals. The presentation of the
image, however, remains analogue.

From what has been said, it is evident that the terminology must be care-
fully defined in order to limit confusion to a minimum. "Digital Television",
sometimes termed "Digital TeleVision (DTV)", or "Digital Video Broadcast-
ing (DVB)", usually means the transmission of digitised audio, video and
auxiliary information as data signals. However, since these data signals must
in most cases be modulated onto continuous-time carrier waves in order for
them to fit in the transmitting channel, the actual transmission in digital
television uses analogue signals.

In the context of this book the expression "digital television” should in
fact be understood as the system for the transmission of audio, video and
auxiliary data described above. However, it is not possible to concentrate
only on the channel coding and modulation, furthermore necessary system
components must be included, in particular the technology for the source
coding of audio and video signals and multiplexing. The latter is required for
the co-ordination of various elementary streams to form one signal. The ex-
pression “multiplexing” is not really quite apt because this simplifies the
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198 9 The Satellite Standard and Its Decoding Technique

owing, for example, to noise in the channel - a phase is decoded which passes
beyond one of the two decision thresholds (= axis in figure 9.9), there will
only be one erroneous bit.

Before transmission, the IF signal is upconverted to radio frequency.

In this way two bits per symbol are transmitted; hence in ideal circum-
stances the utilisation of the bandwidth, referred to the gross bit rate,is B= 2
bit/(s - Hz). However, owing to the non-ideal filters (finite width of the filter
slopes) the bandwidth utilisation is actually smaller. Depending on the
configuration of the system, the ratio between bandwidth and symbol rate
(BW/Rg) would be in the range of about

BW Hz

=12 . (91)
R, 2 symbols/ s

Hence the bandwidth utilisation would be about
B= bits per symbol _ 2 bits/symbol £ bit (9.2)

BW /R, 127 Hz ) 200k~ s Ha

5
The bandwidth utilisation can also be referred to the net bit rate, i.e. to the

number of information bits only, without the error protection. In this case the
calculated value, as indicated above, must be multiplied with the code rates of
the outer and inner codes.

9.4 Decoding Technique

On reception of the signals transmitted from the satellite, the processing steps
that were carried out at the encoder have to be reversed. In particular, the er-
rors which occurred in the channel must be corrected. Moreover, it is neces-
sary to recover the synchronising information, which is required for the
channel decoding.

The decoder consists of the following components (figure 9.10):

| |
o —zm = depunc- con-
I ) sync- 3 removal to
foorry e | 1OPSK baseband wing, |l pye _.."’:“!“fﬂla_' RS Lot of energy |- D2seband__
savelite | demod. | Q| fikering | Q| Viterbi detector e decoder | | dispersal | | interface | ypeq
™ decoder DEMUX
reference phase control, £
code-rate control

Fig.9.10. Block diagram of signal processing at the receiving end

87



_—

10.4 Decoding Technique 225

mitting end. The synchronisation of the clock frequency generated at the re-
ceiver is effected by means of a band-pass filter and a subsequent PLL, where
the centre frequency of the oscillator corresponds with the clock frequency,
which in turn corresponds with the symbol rate. After an amplitude limita-

tion the clock signal is ready for the digital signal processing.

There are further techniques described in the literature [LEE, PROAKIS,
KAMMEYER, MAUSL] which generate the error signal for the oscillator within
the analogue as well as within the digital range.

10.4.5 Demodulation of the QAM Signal

The demodulator has the task of converting the QAM signal to the baseband
and simultaneously splitting it into its in-phase and quadrature components.
After the temporal multiplication with two carrier signals which are orthogo-
nal to each other in phase, the resulting sum-frequency signals of the two
components must be suppressed by one low-pass filter each. If the multiplica-
tion and the filtering are achieved by means of analogue signal processing,
then both components will subsequently be available for A/D conversion in
the baseband.

By using conventional analogue technology a reasonably priced demodu-
lator can be manufactured. The disadvantage of this solution is to be found in
the two parallel paths through which the in-phase and quadrature compon-
ents have to pass before sampling as well as in the parallel sampling itself.

The parallel signal paths can be transferred to the digital level if the modu-
lated signal is fed into a single A/D converter in its entirety. In this case the de-
modulation is carried out by the multiplication with two digital carrier sig-
nals, The required sampling rate for the sampling of the QAM signal at the IF
level, in accordance with the sampling theorem, will have to be at least twice
that of the highest frequency to be found in the signal. For transmission in an
8-MHz channel the resulting minimal sampling frequency would be:

7

B 8
fmin =2| fir +—]= 2(36.15 MHz+
\ 2

\ F i h

MHz

)=80.3 MHz. (10.14)

The high clock rate has various disadvantages when used in consumer receiv-
ers (e.g. high cost, high power consumption), so that a totally digital solution
must be ruled out at this moment.

A demodulation alternative arises if the QAM signal from the IF range at
36.15 MHz 1s converted to a second IF range. The centre frequency of the sig-
nal should be chosen so as to correspond to the transmitted symbol rate.
This technique offers the advantage that the converted QAM signal as a
whole can be oversampled by a clock signal of a frequency which is exactly
four times the value of the transmitted symbol rate. In the case of a symbol
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11.3 Encoder Signal Processing 253

The "continual pilots“ are present in each symbol at the same carrier posi-
tion (in the case of 2K, for instance, at the 45 positions o, 48, 54, 87 ... 1323,
1377, 1491, 1683, 1704; in the case of 8K, for instance, at the 177 positions o, 48,
54, 87 ... 6435, 6489, 6603, 6795, 6816). The distribution along the frequency
axis is chosen, so that within one channel no periodicities can occur. There-
fore the continual pilots can be used for the coarse adjustment of the fre-
quency of the local oscillator in the receiver. In order to make the synchro-
nising information as robust as possible against transmission errors, the
continual pilots have an amplitude which, in comparison to the carriers con-
taining useful information, is increased by the factor 4/3. That is why they
are also called boosted pilots.

The "scattered pilots" are scattered over the transmission frame according
to a definite plan. This plan can be easily identified in figure 11.5. The aim of
the scattering is, firstly, to make a large number of pilots within each symbol
for the fine adjustment of the receiver available. Secondly, the scattered pi-
lots can contribute to the temporal synchronisation. Thirdly, the receiver
will be able to perform a nearly continuous analysis of the frequency- and
the temporal plane, which can be used for the evaluation of the current
channel condition ("channel estimation®). The scattered pilots are also
transmitted with increased amplitude.

The "transmission-parameter signalling pilots“ (TPS pilots) permit a
transmission of additional information with which the temporal syn-
chronisation, i.e. the recognition of the beginning of the transmission frame,
can be ensured. Moreover, they provide the information about the transmis-
sion parameters used. The details of this will be discussed in the following.
The TPS pilots, just as the continual pilots, can be found in precisely fixed
carrier positions (in the case of 2K, for instance at the 17 positions 34, 50,
209, 346, 413 ... 1262, 1286, 1469, 1594, 1687; in the case of 8K, at the 68 posi-
tions 34, 50, 209, 346, 413 ... 6374, 6398, 6581, 6706, 6799). TPS pilots are
transmitted with an amplitude, which represents the average amplitude of
all carriers transmitting useful information.

The numbers of the various types of pilots named per symbol cannot just
be added to determine the channel capacities lost for the transmission of
use-ful information, as the possibility that a continual pilot may be at a posi-
tion intended for a scattered pilot cannot be ignored (see figure 11.5). On
closer examination it may be seen that each of the continual pilots is
co-located in every fourth symbol with a scattered pilot. This results, on av-
erage, in 1512 carriers with useful information per symbol in the 2K case, and
in 6048 carriers with useful information in the 8K case, which means that
approximately 13% of all carriers have to be utilised for synchronisation, etc.

Attention has already been drawn to the fact that the continual pilots and
the scattered pilots are individually modulated so that from an analysis of
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254 11 The Standard for Terrestrial Transmission and Its Decoding Technique

this modulation the receiver can, among other things, derive information for
the tuning. The modulation is carried out in accordance with the structure of
a maximum-length sequence, which is known to the transmitter and to the
receiver.

Maximum-length sequences (m-sequences) are often referred to as
pseudo-random sequences. They have some prominent features. One of
these is the ideal, pulse-shaped, periodically recurring auto-correlation func-
tion, which is of particular importance in this connection [LUKE 2].

A maximum-length sequence can be generated by a shift register, in
which the positions indicated by the descriptive polynomial are linked by
means of EX-OR circuits (see also section 9.3). The polynomial used here has
the form

gX)=X"+X+X°.

Y¥ ronrecen
A represer

such a way that the first bit at the output of the shift register coincides with
the first carrier of a symbol. Further shifting within the register takes place
such that there is a shift step to each carrier, independently of whether it is a
pilot or not. When the temporally coincidental carrier happens to be a con-
tinual pilot or a scattered pilot, a modulation symbol is allocated to the pilot
by the bit at the output of the shift register. When this bit is o, then the pilot
is modulated with the positive real part +4/3, when the bit is 1, then the pilot
is modulated with the negative real part -4/3. The imaginary part of the
modulation symbol is always zero. If the adjacent carriers in figure 11.5
which form part of a symbol are examined from left to right, i.e. along the
frequency axis, a subsampled maximum sequence will be detected at the 176
or 701 positions per symbol at which continual or scattered pilots are to be
found. This maximum sequence can now be used for fine-tuning in the re-
ceiver.

In every transmission frame the data denoted as TPS are transmitted
within each symbol. Basically, they constitute a special data channel, which
can carry important information for the duration of every transmission
frame. The receiver requires this information for the demodulation of the
subsequent transmission frame. The purpose of the TPS data is therefore
similar to that of the so-called fast-information channel of the DAB system
[ETS 401]. Within each transmission frame there are 68 successive symbols.
Each of these symbols contains one bit from a 68-bit TPS word. For the 2K
variant 17 carriers per symbol are made available for TPS, and for the 8K
variant 68 carriers. In each symbol these TPS carriers all transmit exactly the
same individual bits in parallel.
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11.4 Decoding Technique 255

The information prepared by the TPS refers to the modulation procedure
(QPSK, 16-QAM, 64-QAM), the constellation model for the case of hierarchi-
cal modulation with the possible values o =1 or o. = 2 or & = 4 (see section
11.5), the coderate of the inner error protection (1/2, 2/3, 3/4, 5/6, 7/8), the du-
ration of the guard interval (A = 1/32, A = 1/16, A = 1/8, A = 1/4), the OFDM
variations (2K and 8K) and the position of the transmission framework
within the framework (1,2,3,4). In addition, a cell identifier is also transmit-
ted to identify the network cell from which the received signal is being
transmitted [LADEBUSCH].

In view of the importance of an error-free reception of the TPS data, these
are transmitted in parallel many times over and are also separately error
protected. A shortened BCH code (67, 53) is used. The individual bits are
modulated for the TPS carriers with differential 2-PSK (see section 7.2).

A maximum of 68 bits can be used for TPS. 31 bits are required for the
word recognition and error protection. 31 bits are used at the moment. The
remaining 6 bits are reserved for further use.

11.4 Decoding Technique

The DVB-T standard EN 300 744 only describes the transmitted signal and
thus does not specify the receiver side. So various possibilities for the reali-
sation of the units in the decoder are conceivable. The implementation
strongly depends on the reception environment. Basically, the processing
steps which were carried out at the encoder have to be reversed. In figure
11.6 the fundamental construction of the corresponding receiver is shown

from Q : inner
—y| front L A/D — conver- —» FFT ;rarne —» 'MVETSE ! Geinter-
antenna| ©nd sion NI SICEPIE leaver
b 3 -~ b b
time & frequency synchronisation
common phase error correction
channel estimation
reliability estimation
. daf:unc-". convo- }
shading: |_ ; e 4 to
turing, ‘utional RS
syt como- | Vi | delit| dscor
satslito standard ||  |HRANEN DEMUX

Fig. 11.6. Block diagram of signal processing at the receiving end
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256 11 The Standard for Terrestrial Transmission and Its Decoding Technique

[MOLLER]. During the introduction of the first regular DVB-T digital TV ser-
vice in the UK in November 1998, the first integrated digital receiver chip set
was based on 3 chips and only supported the 2K mode. In the meantime sin-
gle-chip solutions combining A/D conversion, COFDM processing and
channel decoding are available and fully standard compliant.

A DVB-T receiver needs to cope with several impairments that occur dur-
ing terrestrial transmissions (see section 11.1). In addition, the receiver front
end will add noise and phase noise to the signal [KLINKEN]. Receiver imple-
mentations may differ in the way they handle time and frequency synchroni-
sation and channel estimation. The pilots, which are spread in time and fre-
quency within the OFDM signal, have a known amplitude and phase.
Therefore, the measuring of the channel frequency response for attenuation
and phase can be carried out on the basis of the continual pilots and on the
scattered pilots. Knowing the amplitude and phase of all the individual pilot
signals, the receiver is able to equalise each subcarrier. This ideally reverses
the effects of the transmission channel. Various so-called channel estimation
techniques have an important effect on the overall performance of the re-
ceiver [STRUBENH].

The stability of the oscillators required in the receiver is of great impor-
tance for the overall performance. On the one hand, the single carriers,
which are approx. 1.1 kHz or 4.4 kHz apart, can only be separated free of
crosstalk if it can be guaranteed that the sampling is carried out exactly at
the zero crossings of all sin(x)/x functions not belonging to the desired car-
rier (see section 7.6). On the other hand, it must remain possible for the
phase information, which is integrated into the QPSK- or QAM-modulated
individual carriers, to be recovered. With the aid of the pilots described be-
fore, it is possible to accurately set the oscillator frequency and also the static
phase of the local oscillator in the receiver. However, these static quantities
are superimposed by phase noise. This results, first of all, in a phase error
which affects all the individual carriers within a symbol in the same way, but
which shows little correlation with the phase errors within the subsequent
symbols. Secondly, the phase noise can lead to phase errors, which affect dif-
ferent carriers within the same symbol in different ways. This is why both
the level and the spectral distribution of the phase noise in the local oscilla-
tor are of interest. Nowadays local oscillators of consumer type equipment
are able to master the problem of phase noise even using conventional tech-
nology [MUSCHALL).

In the following the implementation aspects of the network interface part
of DVB-T, i.e. the part from the "air interface®, the antenna, to the MPEG-2
transport stream generation are described. An overview of several types of
receivers is presented and their main requirements are outlined in the first
paragraph. For the development of reception techniques for DVB-T signals
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extensive experiences of the analogue TV reception can be used. The re-
quired components and their specific requirements for DVB-T signals are
explained in the next section, followed by some new technologies which
evolved with the development of digital television.

11.4.1 Receiver Classes

With the focus on implementation aspects it is most important to first de-
termine in which reception environment, namely stationary, portable, or
mobile, the receiver device will be operated. While the option "stationary“ is
mostly associated with reception by a rooftop outdoor antenna and a device
which is not very often moved from one place to another, "portable® means
that the device can easily be carried or taken from one point to another. It
will contain a built-in omnidirectional antenna and will mostly be operated
in a nomadic mode; i.e. it will not be operated while moving fast. "Mobile®
means reception while moving at high speeds in automobiles, buses, trains,
and so on.

In table 11.2 various DVB-T receivers and their main operational environ-
ment are outlined. For each of these devices a different reception concept is
required. Some characteristic key points related to these devices are:

- A high-end IDTV set will need a high-end reception system which gives
optimum reception under difficult (but stationary, sometimes indoor)
receiving conditions. It may contain one antenna within the housing of
the whole IDTV but can also use an external indoor antenna as well as an
outdoor rooftop antenna.

- Set-top boxes are quite similar, maybe with less performance. They will
possibly contain an integrated antenna.

Table 11.2. General classification of DVB-T receivers

stationary portable mobile

Integrated Digital TV set (IDTV) X

Set-top Box (STB) X

Portable TV X

Personal Digital Assistant (PDA) X X
Home-PC extension X

Notebook-PC extension X X
Car receiver X
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- The emphasis of handhelds and PDAs is on a lowest possible power
consumption combined with smallest packaging. Nevertheless they will
be used under quasi-mobile receiving conditions. Also these receivers
often have to be "world receivers®, allowing reception in all possible
environments (frequency range, channel arrangement, bandwidth) and
they should be able to handle all possible DVB-T parameter
combinations. These devices have to work with simple rod antennas or
antennas integrated into the housing. Sensitivity and dynamic range of
their tuners will become a classification and quality mark.

- PC-Extensions (like PCl-cards) or USB-adapters will suffer from the
highest price pressure. Often manufacturers of these devices have a lim-
ited know-how of RF and IF design techniques and technologies, so they
have to buy ready developed modules (so-called NIM, see below). One
design aspect will be the interference of the PC environment emitting
into the DVB-T receiver device.

- Car receivers have to cope with the most difficult receiving conditions,
described by the mobile channel. They will use advanced technologies,
for instance antenna diversity. Technically they undoubtedly will be the
most sophisticated of all types of receivers. The advantage of a car re-
ceiver is that it can be adapted to the (most of the time) window-
integrated antenna and pre-amplifier system to get the best performance
out of DVB-T. This receiver also has to be a "world receiver” (see above),
sometimes a receiver which also features other reception standards, like
analogue TV, ATSC or ISDB-T. Due to the requirement to integrate the
receiver into the infrastructure of an automobile, most of these devices
will be OEM devices. Aftermarket devices will probably only play a small
role.

Going deeper into technical aspects of the different devices a further classifi-
cation is possible. Important factors may be dynamic range, input sensitiv-
ity, channel adaptation speed, power requirements and EMC immunity (see
table 11.3).

11.4.2 Straight Forward Technology - the Classical Approach

For a first rough overview of a DVB-T reception system one can start with a
very “classical” approach of a receiver design. It contains a tuner for down-
conversion of the incoming RF signal to the first IF, some IF processing like
filtering of the downconverted spectrum, maybe a further down-conversion
to a second IF, and finally the DVB-T decoder for demodulating and decod-
ing the baseband signal to MPEG-2 data. Figure 11.7 summarises this ap-
proach, It is generally valid for most receivers.

94



Ly
&
3
=g
=
]
S diyp Japorap |-gAQ [2dA) e jo weibeipypolg “ZLLL Bl
E
8 oesed feuos jeubis
M INAING §1-Z93dI snqO, o 1%
= e kel B e O
“ ew:&:o m [2ELRIU 3l 10jes0uab
Buissaooid WA40 A m 10000 2qOIB st
........................................ 10|qUIRIISOP ! e
e e R E IRy
I saposop i
uon2aI0d i
B UONEWISD “ap uq UOLIOI0S-Pady ;
jouueys 4 A m
! saddewap IDALALIOJUL-OP |
| i § |
m > HHE 19p029p 1GIOUA w
: [} ! Buissasoud ynduy
........................................... frommmmm e
Buy d noo.b.rﬂ_—u! m JuswaINsEoW Jopo m
ssoooud | [™| Aouen H 2 1
| ©ep Sdi ﬂa_ oo i 19a0] Induy > a._ﬂvquﬂ—n_‘iﬁ o ndino DOV
uopoenxd sjoyd Kionosos H
Bupuy _ m
i [ m
Buvany ajes woyshs sogndwe i
144 <« 1ouuRydipe | orsosescipel B PURGOSEq | Bupduses-ans | | uen oge i Andui )
/ pULRY2-02 mapuim 144 o} Buyduesos dav vod i

Ty . (S S S S ————

95





