DECLARATION OF JUNE ANN MUNFORD (JANUARY 31, 2025)

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.

I previously submitted a declaration in this proceeding, [PR2024-00373 (U.S. Patent No.
7,594,249), which I understand was labeled Exhibit DISH-1022. Paragraphs 2—5 and 29
of my prior declaration provide information regarding my qualifications, background on

MARC records, and my engagement, which I incorporate herein.

In paragraphs 6-9 of my prior declaration, I discussed the Jacobsen article, “An Efficient
Digital Modulation Scheme for Multimedia Transmission on the Cable Television
Network™ by Krista S. Jacobsen and John M. Cioffi as published in National Cable
Television Association 1994 Technical Papers (“Jacobsen” or “the Jacobsen article”). I
understand that the Petitioner submitted the Jacobsen article as Exhibit DISH-1007.
Copies of the Jacobsen MARC record and the Jacobsen article, Appendices
JACOBSENO1 and JACOBSENO2, respectively, which I discussed in my prior

declaration, are attached to this declaration for completeness.

I understand that after my prior declaration, the Patent Owner submitted a Patent Owner
Response (“PO Response™) that contends “[t]here is no evidence that a POSITA would
have been able to identify Jacobsen.” PO Response at 24 (subheading 4.a.). I also
understand that the Patent Owner contends that “MARC evidence does not establish

when Jacobsen was cataloged in any library.” PO Response at 26 (subheading 4.b.).

Petitioner’s counsel has asked me to review the Patent Owner Response and to assess the

Response’s arguments. I provide my views below.
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The Patent Owner Response states that Jacobsen was “inaccessible to a POSITA.” PO
Response at 25 (“Ms. Munford has specialized training in information science that a
POSITA would not have and is thus able to locate materials that would be inaccessible to
a POSITA.”). Although I am not a technical expert, my analysis of Jacobsen is based
upon the materials that are included in a research library that is open to the general
public. Reasonably diligent, interested POSITAs would be able to interact with resources
owned by a research library to access Jacobsen. If necessary, a POSITA could also use
the assistance of the employees of the Linda Hall Library, allowing any potential
POSITA to access and utilize the breadth of library services without possessing
specialized library-science knowledge. Similarly, POSITAs would be able to ask local
librarians for assistance, who could then interact with employees of the Linda Hall
Library, for example, to obtain a given resource, including Jacobsen, if they were unable

to locate the resource alone.

I note that The Linda Hall Library is a leading independent science research library,
based in Kansas City, Missouri. The library collects many scientific journals, conference
proceedings, monographs, and technical reports. The Linda Hall Library is a public
library open to any private individual or business, allowing any member of the public to
visit the library to gain access to its collection. Linda Hall Library also offers off-site
options for accessing the library’s collection such as the library’s document delivery
service or interlibrary loan service. To facilitate patrons exploring the library’s collection,
Linda Hall librarians offer typical library services such as fact-finding research and
library catalog help in addition to more detailed projects such as in-person classes and

research guides.
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The Patent Owner Response also states that “[t]here no testimony that any POSITA
would be familiar with or know how to use MARC records.” PO Response at 26. This
view contradicts my own experience. MARC records are created for usage in a library
catalog, a resource commonly made available to members of the public. Library catalogs
allow any interested member of the public to use simple and advanced search techniques
to discover materials within a library’s collection. Catalog search results are generated
directly from fields indexed in MARC records, even if users do not directly interact with
the MARC record itself in any meaningful way. Thus, although a library user may not
know how to create or maintain a MARC record, they still use the MARC record when

they search a library catalog.

The Patent Owner Response also states, “Absent an additional theory as to why Jacobsen

constitutes prior art, the Petition’s evidence is insufficient.” PO Response at 27.

Attached hereto as Appendix JACOBSENOS is a true and correct copy of a paper entitled
“Synchronized DMT for Multipoint-to-point Communications on HFC Networks” by
K.S. Jacobsen, John A.C. Bingham and J.M. Cioffi as published in Proceedings of
GLOBECOM ’95. 1 secured this paper myself from
https://ieeexplore.ieee.org/abstract/document/502547. The ‘Date of Conference’ field
visible on page 1 of Appendix JACOBSENOS indicates this paper was presented at the
GLOBECOM 1995 conference, held from November 14—-16, 1995. Page 8 of Appendix
JACOBSENQOS contains a citation to “An Efficient Digital Modulation Scheme for
Multimedia Transmission on the Cable Television Network™ by Krista S. Jacobsen and
John M. Cioffi as published in National Cable Television Association 1994 Technical

Papers.
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Attached hereto as Appendix ARMADAOI is a true and correct copy of a paper entitled
“Rapid prototyping of a test modem for terrestrial broadcasting of digital television” by
A. Garcia Armada and M. Calvo Ramon as published in /IEEE Transactions on Consumer
Electronics November 1997. I secured this paper myself from
https://ieeexplore.ieee.org/abstract/document/642377/. The ‘Date of Publication’ field
visible on page 1 of Appendix ARMADAOTI indicates this paper was published as of
November 30, 1997. Page 16 of Appendix ARMADAQOI contains a citation to “An
Efficient Digital Modulation Scheme for Multimedia Transmission on the Cable
Television Network” by Krista S. Jacobsen and John M. Cioffi as published in National

Cable Television Association 1994 Technical Papers.

In my view, articles published subsequent to “An Efficient Digital Modulation Scheme
for Multimedia Transmission on the Cable Television Network™ also show that Jacobsen
was publicly available at least as of 1995 and certainly no later than 1997. For example,
“Synchronized DMT for Multipoint-to-point Communications on HFC Networks” by
K.S. Jacobsen, John A.C. Bingham and J.M. Cioffi as published in Proceedings of
GLOBECOM °95 was presented at the GLOBECOM ’95 conference in November 1995
and cites Jacobsen on page 8. Additionally, “Rapid prototyping of a test modem for
terrestrial broadcasting of digital television” by A. Garcia Armada and M. Calvo Ramon
as published in IEEE Transactions on Consumer Electronics November 1997 was

published in 1997 and cites Jacobsen on page 16.

The Patent Owner Response also states, “Ms. Munford has specialized training in
information science that a POSITA would not have and is thus able to locate materials

that would be inaccessible to a POSITA.” PO Response at 25. I disagree with this
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statement. As noted above, reasonably diligent POSITAs would be able to ask local
librarians for assistance in locating a given resource, such as Jacobsen, should they not be

able to locate it entirely independently.

The Patent Owner Response also states, “MARC records may be edited after being
generated.” PO Response at 27. I agree that a MARC record can be edited after the
record’s initial creation, although with some important clarifications. For example,
MARC records are regularly updated to ensure greater accuracy and reflect changes made
to the library’s collection. A MARC record may also be edited to add additional subject
headings, fix typographical errors or reflect changes made to the work’s physical status—
but these types of edits would not typically involve a header field such as 008. As my
determination of Jacobsen’s availability is based upon the record 008 field, I will note
that I have never edited a 008 field and have never witnessed another librarian edit an 008
field, and I would consider that to be a highly unusual and unlikely field to edit. For
example, first, the 008 field is a header field, largely designed to interact with cataloging
software on a level invisible to the end user. Catalog functions such as searching,
reserving or circulating materials do not rely on this field. Second, header fields are
frequently auto-generated by a librarian’s cataloging software. Editing this field would be
similar to editing a Word doc’s metadata. Third, the 008 field does not index information
that would need to be regularly updated, unlike fields describing such bibliographic

details as author, subject heading or call number.

Finally, the Patent Owner Response also states, “the creation of the MARC record is not
evidence that the version of the journal containing the Jacobsen reference was publicly

available as of the MARC record’s creation date.” PO Response at 27. This statement
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shows a fundamental misunderstanding of the Linda Hall Library record used to
authenticate the Jacobsen reference. Jacobsen is cataloged by the Linda Hall Library as a
periodical, not a journal. Further, in my experience, librarians often catalog materials as
periodicals when that publication is expected to release several volumes in succession.
Librarians create the MARC record upon acquiring the material and then append new
volumes to the record to ensure expediency for time-sensitive materials. As the Linda
Hall Library’s record indicates the proceedings were acquired over a year affer the 1994
National Cable Television Association Workshop, it is likely that the material was
acquired with minimal concern for expediency, not that the material was unavailable.
Further, the cataloging of this record, represented as Appendix JACOBSENO1, indicates
that the 1994 NCTA Workshop volume containing Jacobsen was consulted during the
creation of this record: field 500 notes that the record’s description was based on the
1994 edition of these conference proceedings (e.g., “Description based on: 43rd

(1994).”).

Additionally, attached hereto as Appendix JACOBSENO04' is a true and correct copy of
the MARC record for National Cable Television Association Technical Papers as held by
the Canadian Federal Science Libraries Network. I secured this record myself from the
library’s public catalog. The ‘Location Items’ field visible on page 2 of Appendix
JACOBSENOI indicates that this collection includes the 1994 edition of National Cable
Television Association Technical Papers containing “An Efficient Digital Modulation
Scheme for Multimedia Transmission on the Cable Television Network”. The MARC

record contained within Appendix JACOBSENO04 accurately describes the title, author

! My first declaration provides an Appendix JACOBSENO3 for a different Jacobsen article.



and publisher of National Cable Television Association Technical Papers.

17. Accordingly, in view of the above, I maintain that the 008 field of the MARC record in
Appendix JACOBSENO1 indicates the date of record creation. The 008 field of Appendix
JACOBSENOI indicates the Linda Hall Library first acquired this book as of September
19, 1995. Considering this information, it remains my determination that National Cable
Television Association 1994 Technical Papers and therefor “An Efficient Digital
Modulation Scheme for Multimedia Transmission on the Cable Television Network” was

made available to the public shortly after its initial acquisition in September 1995.

18. Further, as the ARMADAOI and JACOBSENO5 (GLOBECOM ’95) articles show,
Jacobsen was publicly available at least as of 1997, because these articles cite the

Jacobsen article.

19. I 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: 1/31/2025 :

P =
Yy P’ g 4

June Ann Munford
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RAPID PROTOTYPING OF ATEST MODEM FOR TERRESTRIAL BROADCASTING OF
DIGITAL TELEVISION

Ana Garcia Armada and Miguel Calvo Ramon
Grupo de Radiacién, Dpto. SSR
Polytechnic University of Madrid (SPAIN)
e-mail: ana@gr.ssr.ump.es

Abstract—This paper introduces Rapid Prototyping of a
complex system and the difficulties that appear when a
real-time prototype of such a system is approached. These
concepts are applied to the construction of a test modem
for Terrestrial Broadcasting of Digital Television, in which
Orthogonal Frequency Division Multiplexing (OFDM) is
the transmission technique.

The possibility of reducing the number of sub-carriers in
the OFDM signal and obtaining enough information about
the system performance in hostile environments
(multipath, phase noise, non-linear, ..) is considered and
discarded. As a conclusion, a non-real time prototype is
presented which allows one to optimize parameters, verify
the possibility of implementation and evaluate subjective
qualities.

1. INTRODUCTION

The research in the area of VHF/UHF terrestrial
broadcasting is coming nowadays to a completely
digital implementation both in the US (Grand Alliance)
[1] and Europe. The future digital systems must be
compliant with very strict requirements in terms of bit
error tates. Besides, they must fight multipath, be
friendly to existing analog systems, cope with the
interference caused by them [2] and fit in the assigned
available bandwidths.

The complexity involved in achieving these objectives
forces us to test and optimize the system before its final
implementation. This is normally done by means of
analysis and simulation, postponing the construction of
prototypes to the last steps in the design cycle.
However, prototyping in earlier stages allows us to:

@ test more parameters in a shorter time

® optimize parameters in real time conditions
@ cvaluate subjective characteristics

@ verify the possibility of implementation.

For these reasons there is an increasing interest in Rapid
Prototyping of communications systems, with the main
objective of reducing the design cycle and improving
the products quality.

In the Furopean DVB Project (Digital Video
Broadcasting), founded by initiative of more than 190
organizations, the standards for digital television
broadcasting have been specified for the different
transmission media: satellite (DVB-S), cable (DVB-C)
and terrestrial (DVB-T) [3,4].

The later is-a result of the RACE Project dTTb (Digital
Television for Terrestrial Broadcasting), which has

Contributed Paper

covered all the aspects of digital television terrestrial
broadcasting in Europe, with the work of 30 partners
from 10 different countries [5].

The system specified within the dTTb Project is very
complex [4,5] (see Figure 1 and Figure 2). Taking as
an input the signal coming from an MPEG-2 encoder
[6], all the elements for ifs correct transmission and
reception are defined, adapting the signal to the
terrestrial channel. With this aim, a combined encoding
and modulation process [7] is applied to the data source,
with different coding rates [8,9] (which imply different
bit rates), according to the channel characteristics and
the expected quality at the receiver. Besides, different
services, depending on the quality of the received TV
signal (standard, enhanced and high definition), several
configurations (by combination of these services) and
various coding schemes are defined.

outer outer

interleaving

..... [
i

1 outer ’: outer

tcode ¥ iinterleaving

...... ¢ lemmeenmnes

el

inner
interleaving

MPEG-2 source
QPSK / M-QAM

reference
signals

Figure 1 dTTb transmitter block diagram

To summarize, transmitter and receiver must be very
flexible and this can only be achieved if most of the
elements are implemented in software. This idea leads
to the Software Radio concept [10,11] in which as many
functions as possible are programmed by bringing A/D
and D/A converters [12] the closer to the antenna.

Figure 2 dTTb receiver block diagram

In this context, we have developed a methodology to
allow the use of software design tools to implement in a
rapid and efficient way communications systems
prototypes using digital signal processors (DSPs). This

0098 3063/97 $10.00 ® 1997 IEEE
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methodology has been applied to the construction of a
prototype for the European Digital Television for
Terrestrial Broadcasting System (dTTh).

None of the published works in this field [13-18], has
approached the application of these concepts to such a
system. However, its complexity and the fact that we
are dealing with rapidly emerging technologies
configure it as a clear example of the Rapid Prototyping
advantages.

Rapid Prototyping of a complex system presents some
difficulties, which depend on the system characteristics.
In the next section, the transmission technique used in
the DVB-T standard (Orthogonal Frequency Division
Multiplexing) is introduced and the problems associated
with the construction of a prototype are identified. We
propose two different solutions and discuss their
feasibility.

Finally, the solution adopted and the prototype
constructed using two Ariel MM-96 (board which
includes two Motorola DSP96002) are presented.

2. RAPID PROTOTYPING OF AN OFDM-BASED
SYSTEM

The European system for Terrestrial Broadcasting of
Digital Television has strong requirements. It has to be
able to cope with multipath, friendly and robust to
existing analog systems and make efficient use of the
available bandwidth. This reasons have led to the
adoption of the Orthogonal Frequency Division
Multiplexing (OFDM) technique - for the signal
transmission.

In this section, the OFDM concept is introduced and the
problems associated to its rapid implementation are
identified.

2.1 Orthogonal Frequency Division Multiplexing

Among the activities of the latest European RACE and
ACTS projects, there has been an increasing interest in
OFDM (Orthogonal Frequency Division Multiplexing)
as a means of combating impulsive noise and multipath
effects and making fuller use of the system available
bandwidth.

OFDM is one of the best alternatives to alleviate the
multipath effects in mobile communications [19]. For
reception in built-up areas with delay spreads of some
microseconds, the channel is highly frequency selective
and sophisticated equalization techniques are required
to achieve high bit rate transmissions. However, a
combination of OFDM and coding associated with
interleaving in the frequency domain (COFDM) can
take advantage from the diversity associated to
multipath [20]. Besides, multi-carrier systems have been
proved to be more computationally efficient than single-
carrier systems with equalization under some multipath
channel conditions [21].

In an OFDM system the spectrum associated to each
elemental data is a small portion of the total bandwidth,
which is divided in N sub-channels. Each of them is
modulated with one symbol and they are all multiplexed

in frequency.
If T represents the OFDM symbol duration, that is:

T = 7 1 , the N carriers are placed in the frequencies:

fhk=for kI/T, k=1,2,..., N -1

A higher spectral efficiency is achieved because the
different sub-channels are allowed to overlap.
Orthogonality between them simplifies the separation
process in the receiver, allowing the use of the Discrete
Fourier Transform [22].

2.2 Implementation of OFDM using the Discrete
Fourier Transform

The complex envelope of the transmitted OFDM signal,

sampled with sampling frequency [, = L ,1s:

o N-1 N-1

'-z-E-kn
sm= 3 DD Smk &N [T =mv+ Ny
m=-—con=N, k=0

This means that every OFDM symbol has N+Ng values
which are the N obtained by an N-point Inverse Discrete
Fourier Transform (IDFT) plus an added Time Guard of
N, (the last N, samples of the IDFT are added at the
beginning of each symbol) in order to cope with the
inter-symbol interference (ISI) caused by multipath
delay spread. I1(n) is a rectangular pulse of duration
N+Ng samples.

The Time Guard is eliminated in the receiver and in the
absence of channel or noise impairments, the signal is
Orthogonal Frequency Division Demultiplexed in the
receiver by means of an N-point Discrete Fourier
Transform (DFT):

N-1 iy | NN P -
—Z s(ry-e N =E s e e =
r=0 r=0 k=0
2x
1 N-1 N-1 Je—=r(k-m)
= — 5 e N =5
N k k
k=0 r=0
because

k—m=cN, c integer
otherwise

Summarizing, the OFDM and OFDD processes involve
an inverse DFT in the transmitter and a DFT in the
receiver. Both can be efficiently implemented by using
the Fast Fourier Transform algorithm (FFT).

2.3 Rapid Prototyping of OFDM

OFDM has been proposed and is being tested for the
Digital Television for Terrestrial Broadcasting System
(dTTb) [5] considering two possible values for the
number N of sub-carriers: 2048 (2K) and 8192 (8K).
The sampling frequency in this system is f, = 64/7 MHz
= 0.142857 MHz, which means that the sub-carrier
spacing Af= f/N and the symbol time 7 are:

Authorized licensed use limited to: Penn State University. Downloaded on January 07,2025 at 15:59:31 UTC from IEEE Xplore. Restrictions apply.

16

1101



1102

- 8K mode; Af=1.116 KHz, T= 896 us.
- 2K mode: Af=4.464 KHz, T=224 us.

Real Time Prototyping of a system with these
parameters implies implementation of 2K and 8K FFTs
in the OFDM symbol time. However, the MM-96 with a
40 MHz clock has a benchmark of 2420 us for a Radix
2 Cooley-Tukey Decimation in Time complex FFT of
2K points and 11320 ps for a 8K one [23,24].

Besides, Rapid Prototyping implies that the code will
not be thoroughly optimized, and the use of several
processors in parallel will exhibit inefficiencies which
will not allow us to obtain a maximum speed-up [25].

These circumstances lead to the consideration of the
impossibility of real time implementation with a low
number of DSPs. We propose two alternative solutions:

@ Scaling some parameter in the system so that a real
time implementation is possible:

Depending on the system characteristics, the reduction
of some parameter can lead to a realizable prototype
without variation of the main system properties. In our
case, we will try reducing the number of sub-carriers
and study the implications in the OFDM signal
characteristics.

As Figure 3 shows, a system with 128 sub-carriers
could be a good approach to a real time implementation.
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Figure 3 achievable baud rate vs. FFT length with Ariel MM-
96 DSP

@ Non real time implementation of the whole system:

Rapid Prototyping can offer some advantages even if
the prototype can not run in real time. In some cases, it
can still be possible to optimize parameters, evaluate
subjective quality and wverify the possibility of
implementation.

In the following, we will discuss the viability of both
solutions for the construction of a Digital Television
Terrestrial Broadcasting test prototype.

3. IMPLICATIONS OF THE REDUCTION OF THE
NUMBER OF SUB-CARRIERS IN AN OFDM
SYSTEM

In order to examine the effecis of the reduction of the
number of sub-carriers in an OFDM system, we will
consider the following main points which affect the

IEEE Transactions on Consumer Electronics, Vol. 43, No. 4, NOVEMBER 1997

OFDM system performance:
- channel etfects

- phase noise

- synchronization

- non-linear effects

3.1 Channel effects in OFDM

If the transmitted signal defined in 2.2 is affected by a
channel with impulse response A(#), assuming that the
ISI is eliminated with the time guard, the received
signal is:

N-1 N-1
#(n) = s(n)@ hin) =Y 5(m)-h(n—m) ="y h(m)-s(n—m)

m=0 m=0
and it is Orthogonal Frequency Division Demultiplexed:

N-1 _ o N=1 N=1 e
—I-Zr(r)-ejlvmz-;r—z Zk(m)-s(r—m)ve}N =
N r=0 r=0 m=0

2n 2w
N-1N-1 N-1 JEHrem) =
:iz Zh{m)Zs;e N e N
N r=0 m=0 =0}
1 N-1 N-1 j—z—?—f(r—n)N“l —jz—“fﬂ'l
=—Z Zsf-e N Z-fi(m)-e N =
N r=0 I=0 m=0)
-1 N= 2% ey
1 T _ .
=KF-Z-$‘!‘H(I)ZB N = H(n) s,
=0 r=0
N-L —j-z—g::—nm
with H(n)= Y h(m)-e N, the DFT of the
m=0

channel impulse response.

This means that the channel affects the demultiplexed
signal by multiplying each symbol by the frequency
response corresponding to this symbol sub-carrier H(n).

The OFDM signal distribution can be used to insert
pilot carriers for channel estimation and correction. The
channel frequency response for all the information
carriers can be obtained by interpolation from the values

provided by these pilots.
estim.
O[5

' oy
L gl Duterpol

Figure 4 channel estimation at the receiver

—={ OFDD

The channel correction can thus be accomplished by
division of the OFDD signal by an estimation of H{n)
(Figure 4). In order to obtain this estimation (FFT of
the channel impulse response), two types of pilots are
inserted in the OFDM frame: scattered and continual
pilots [5,26].

Scattered pilots occupy different carrier positions on
each OFDM symbol, with a periodicity of 4 symbols.
Continual pilots are inserted in identical fixed positions
for every OFDM symbol.
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From the scattered pilot distribution, which gives the
channel FFT coefficients for discrete carrier indexes and
time instants, time interpolation is applied so as to
obtain the coefficients for every time instant and
discrete carrier indexes. This means that if in symbol # a
given carrier k is a pilot, coefficients are obtained
corresponding to carrier & for all symbols.

Besides, continual pilots are used to estimate a common
phase error, which can appear due to the local
oscillator’s phase noise and does not depend on the
carrier index, but varies randomly between OFDM
symbols.

The OFDM system performance has been analyzed
considering the dependence of the channel effects and
the pilot-based correction capabilities with the number
of sub-carriers. Two channel models have been
considered, which correspond to fixed reception (F1)
and portable reception (P1) in the European Digital
Television for Terrestrial Broadcasting system (dTTb)
[5,26].

3.1.1 Inter-Symbol Interference (ISI):

In order to cope with multipath delay spread, a Time
Guard is added to the OFDM signal so as to absorb the
inter-symbol interference (ISI). This Time Guard is a
cyclic extension of the signal built by adding the last N,
samples of the OFDM symbol at the beginning, giving a
total OFDM symbol duration of N+N, samples (T+7,
seconds).

If the Time Guard is longer than the channel impulse
response, the ISI is contained in the first N, samples of
the OFDM symbol, which are discarded before the
demultiplexion via FFT in the receiver.

However, if the Time Guard is not long enough, some
IST will be present.

This Time Guard duration is limited by the information
rate: the longer the Time Guard, the lower the ratio
information bits

total OFDM duration .

Since the OFDM duration depends on the number of
sub-carriers N, if the sub-carrier spacing is small (many
sub-carriers), the Time Guard can be larger without
affecting the information rate seriously.

The Time Guards proposed in dTTb for 2K and 8K sub-
carriers, defined as the ratio between the guard duration
and the OFDM symbol time, are shown in Table 1.
Besides, 128 sub-carriers have been considered.

Table 1 OFDM Time Guards

1/4 1/8 1/16 1/32
8 K (T=896ps) | 224us | 112us |  56us 28us
2 K (T=224ps) | 56pus 28us H4pus Tus
128 (T=14us) 3.5us | 1.75pus | 0.875ps | 0.4375us

No ISI will appear in any case when using 2K or 8K
sub-carriers (the impulse response duration of both F1

and P1 channels is 5.42 ps), but we would need to
increase the Guard Time ratio up to 1/2 (7 ps) to avoid
IST when using 128 sub-carriers. However this would
mean a 33% decrease of the information rate, which we
normally can not afford.

3.1.2 Channel distortion without IST

If the ISI is eliminated with the Time Guard, the only
channel distortion caused to the signal is the
multiplication by the channel frequency response. This
means that when the channel presents an attenuation in
some frequency, the corresponding symbol will be
corrupted (unless some channel correction is applied).

This effect is independent of the sub-carrier spacing, as
Figure 5 shows.
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Figure 5 channel effects for 8K, 2K and 128 sub-carriers (P1:
upper curves, F1: lower curves)

3.1.3 Channel correction capabilities

The channel estimation is accomplished by means of
interpolation using the pilot structure introduced in the
OFDM frame (as explained at the beginning of this
section).

The accuracy of the estimation depends strongly on the
number of sub-carriers. The reason is that if this number
is small, not enough pilots will be included in the frame
to interpolate the channel frequency response, as it
happens with the 128 sub-carrier system. Obviously the
number of pilots has to be limited in order to maintain
an adequate information rate.

Table 2 shows the power of the estimation error,
computed this error as the difference between the
channel frequency response and the channel estimation.

Table 2 power of estimation error
128 | 2K 8K
F1 channel | 0.14 | 0.03 | 0.002
P1 channel | 1.5 | 02 | 0.017

Although the error is bigger when using 2K than with
8K sub-carriers, because less pilots can be used for
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estimation (the difference is one order of magnitude),
channel correction is still possible. However, this is not
the case when using only 128 sub-carriers, as shown in
Figure 6.
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Figure 8 SER versus G/N with and without channel correction

In this figure, Symbol Error Rate (SER) is plotted
versus carrier to noise power ratio (C/N) for the F1
channel. The channel output SER and the corrected
SER are compared.

All systems show a similar SER when no correction is
applied (with ‘0’ in Figure 6) as mentioned above
(section 3.1.1), but they exhibit different correction
capabilities (“*%° in Figure 6). While the improvement
is more than 5 dB with 8K, with 2K is only about 2 dB
and with 128 sub-carriers, the SER is even worse when
channel correction is applied than without correction.

This means that a number of 128 sub-carriers can not be
used in a multipath environment.

3.2 Phase noise effects in OFDM

All superheterodyne receivers use one or more local
oscillators to convert an input frequency to an
intermediate  frequency  before the signal s
demodulated. Both the mixer used for converting the
signal’s frequency and the local oscillator will distort
the signal and limit the receiver’s ability to recover the
modulation on a signal [27].

Although the mixer degradation can be minimized by
proper design in the rest of the receiver, the phase noise
introduced by the local oscillator cannot be decreased
except by improving the performance of the oscillator.
Therefore the importance of determining how much
phase noise a receiver can admit maintaining the
required performance.

Assuming that the channel is flat, the transmitted signal
defined in 2.2 is only affected by phase noise §(n) at the
receiver:

r(n) =s(n)- ef‘M”)
and it is Orthogonal Frequency Division Demultiplexed
by means of a Discrete Fourier Transform:
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n 1 I
N-l = j—H N-l N-1 rm —j—hkm
1 J—km J J

(k) = . N o= L Jbim) N -
wk)= v Zr(m) e m e Zsr e e

=0 m=0 r=0

P e . LD R S SR et

Ze Zs e == Zﬂs, Z;«f e
= m=

In order to separate the signal and noise terms, let us
suppose  that  ¢(m) is  small, so  that

e0lmy g Jd(m) . In this case:

- M-l J__(, Ky s N-1T N-1 J——r-Eym
(fc)x—Zs S e 'LNZS’ o(me ¥
r=0  m=0 Cor=0 m=0
N- 2n
-1 Je—(r—k
= 5 +~—Z Zd?(m)f N =S +e;
r=0  m=0

Thus we have an error term e, for each sub-carrier
which results from some combination of all carriers and
is added to the useful signal. Let us analyze more
deeply this noise contribution:

a) If =k

-1 N-1

zs 3 (m) = ;—2¢(m) Josk

r=0  m=0
So we have a common error addcd to every sub-carrier
which is -proportional to its value multiplied by a
complex number j®, that is a rotation of the
constellation.

This angle results from an average of phase noise over
all of them (which implies low frequencies of phase
noise spectrum) and, since it is constant for all sub-

carriers, it can be corrected with the information
provided by pilots.
b) If r#k:
;——-(r kym
Z Ztt(m) e N
NI meo
r#k

This term corresponds to the summation of the
information of the N-/ sub-carriers each multiplied by
some complex number which comes from an average of
phase noise with a spectral shift. The result is also a
complex number which is added to each sub-carrier’s
useful signal and has the appearance of white noise. It is
normally known as inter-carrier interference (ICI) or
loss of orthogonallity.

3.1.1 Error performance

Simulations have been run so as to study the influence
of phase noise in the reception of OFDM signals and the
phase noise efror correcting capabilities of pilot-based
channel correction. The assumptions and simplifications
made in the previous analysis to understand the system
behavior have not been applied to simulations, so
results can be obtained for any phase noise and channel
situations.

We have modeled phase noise as a phase modulation of
the carrier. The modulating signal is a white random
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process with a uniform or gaussian pdf, which has been
filtered so as to analyze the influence of the phase noise
correlation characteristics in the signal quality. Results
are presented using the reciprocal of the filtered phase
noise bandwidth: 7; and comparing it to the OFDM
symbol duration: Tpzp,.
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Figure 7 phase noise in OFDM: * corrupted signal, o
corrected signal

Figure 7 shows the behavior of an OFDM system
corrupted by uniform phase noise when using pilot-
based channel correction. As it can be observed, phase
noise effects can be corrected when the phase noise
variations are much slower than the OFDM period. In
this case the common phase error dominates over the
ICL

The same curves are obtained when considering any
number of sub-carriers if the phase noise period is
normalized with respect to OFDM symbol duration.

When T,<T,rp,. pilot based channel correction is not
able to correct phase noise errors and it can even
increase the SER.

If the period of phase noise variations 1s expressed in
seconds, the results are those of Figure 8.
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Figure 8 OFDM with different numbers of sub-carriers: *
corrupted, o corrected

The symbol error rate (SER) degradation caused by
phase noise is the same for 128, 2K and 8K systems.
However, the correction capabilities, as indicated above,

depend on the phase noise to OFDM time ratios. It is
clear that for a given phase noise bandwidth, the
performance of a 128 sub-carrier OFDM system is
much better than that corresponding to a bigger number
of sub-carriers, provided that the phase noise variations
are much slower than the OFDM period. This means
that the phase noise bandwidth should be less than
1/14pus = 71 KHz. Otherwise, the pilot structure will not
be usable to correct phase noise errors.

3.3 OFDM synchronization

The OFDM synchronization system in the receiver must
execute the following functions:

- Decide which number of sub-carriers is using
the system (2K / 8K).

- Estimate which is the Time Guard value
among the various possibilities.

- Adjust the FFT starting position.

They are accomplished taking profit of the OFDM
signal correlation properties after insertion of the Time
Guard.

In fact, there are N, samples of the signal which are
repeated within an interval of N+N, samples. This
property can be used to synchronize the receiver by
making the following correlation:

n
> s(k)-s" (k= N)
k=n—Nj+l :
Where N is the number of points in the transmitter IFFT
(number of sub-carriers) and N, is a parameter which
must be chosen theoretically equal to and never bigger
than the Guard Time N,

In the absence of noise and multipath, this correlation
presents the aspect shown in Figure 9. When N=N,.,
there is a peak at the beginning of the useful OFDM
symbol. The peak is replaced by a flat top of duration
Nj+N, when N;<N,, which ends also at the beginning of
the useful symbol.

| Ll

corr(n) =

‘aanl
: -—

N, ZNB H

(b) Np=64, N =256

Figure 9 OFDM (2K} correlation with different N,
Noise enhances the correlation levels between the peaks
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(Figure 10). Multipath has more noticeable effects as
Figure 11 shows for an OFDM signal after P1 channel.
The peak is broadened due to the channel delay spread.
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Figure 11 2K-OFDM: N, = N, =256, after P1 channel (detail of
the peak)

If the number of sub-carriers N used in the correlation is
different from the actual one in the transmitter, no peaks
will appear (Figure 12).
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Figure 12 correlation of 2K-OFDM with different values of N

In order to decide how many sub-carriers are being
used, two correlations are calculated during several
symbols with the two possible V values and N, equal to
the minimum ¥, expected. The maximum values are
compared and if they exceed a certain threshold, the N
value which produced the highest maximum is chosen.

The Guard Time is estimated by finding four
consecutive peaks in the correlation calculated with the
Just estimated & value and N; equal to the minimum A,
expected for this V value. The distance between the first
and the fourth peak indicates the N, value:

Ng =(maxy —max; —3N)/3

Once that N and N, are known, a last correlation is
calculated with these parameters, and the FFT starting
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point is given by the peak positibn. A finer adjust can be
achieved later by controlling the A/D converter clock.

The precise synchronization in the receiver depends
strongly on the alteration of the correlation properties
caused by the presence of noise and multipath. If the
peaks can not be clearly identified or their position
changes, the synchronization will fail.

Figure 13 shows that the correlation in an OFDM
system with 128 sub-carriers is much more sensible to
AWGN than a 2K one. Since the difference between the
peaks and the correlation floor is much lower in the first

(b) 2K-OFDM with C/N=3dB

Figure 13 correlation sensitivity to AWGN

The sensitivity to multipath delay spread is also higher
in a 128 sub-carrier system. In Figure 14, 2K and 128
are compared when using the same N,/N value, showing
that multiple peaks are generated in the 128 system.
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Figure 14 correlation sensitivity to multipath

For these reasons, synchronization of a system with a
low number of sub-carriers using the OFDM correlation
is more a difficult task.

3.4 Non-linear effects in OFDM

Efficient use of power amplifiers implies a working
point close to saturation, which causes a non-linear
behavior and thus a degradation in the signal quality.

Since the OFDM signal is composed of many
independently modulated sub-carriers, it presents a
Gaussian distribution (Central Limit Theorem) with
high peak to medium value ratios. This fact makes it
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very sensitive to non-linear effects.

Provided that it is big enough to satisfy this theorem
(N>100), the number of sub-carriers does not affect the
peak to medium value ratio. In fact, simulated OFDM
signals (1500 symbols) exhibit a 12.9 dB variation
when the modulation is QPSK and 13.2 dB when it is
16-QAM, independently of the value of N (128, 2K,
8K).

The error performance degradation caused by a non-
linear amplifier has been studied via simulation, using
complex envelope trepresentation and the AM/AM
characteristics of the amplifier. The results are
presented in Figure 15 and Figure 16 for 2K and 8K
systems.
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Figure 15 performance of 16-QAM-OFDM

A back off of 6 dB is needed to demodulate a 16-QAM
signal with a degradation in log(SER) of only 0.13 with
respect to an ideal situation for a C/N ratio of 16 dB.
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Figure 16 performance of QPSK-OFDM

When the modulation is QPSK and C/N=9dB, a 3 dB
back off is enough, with a degradation of 0.16 in
log(SER).

In both cases, the number of sub-carriers does not affect
the error performance.

3.5 Reduction of the number of sub-carriers in an
OFDM system

To summarize, the conclusions of the preceding
sections are:

a) Simulations show that large Time Guard
intervals are needed to fight inter-symbol interference
(ISI) caused by multipath. For this reason, in order to
maintain a reasonable information rate, a system with a
low number of sub-carriers should be avoided.

When ISI is conveniently suppressed, the channel
frequency response has to be estimated in order to
correct the amplitude and phase variations caused to the
signal. If pilot-based interpolation is used, a number of
sub-carriers are needed to accommodate enough pilots

Rapid Prototyping of a Test Modem for Terrestrial Broadcasting of Digital Television

for the estimation. This means that again 128 sub-
carriers are not sufficient to provide a SER
improvement.

b) Depending on the phase noise bandwidth
expected in the system, two situations can be observed:

- given that phase noise variations are not very
fast related to the OFDM signal, a greater number of
sub-carriers will lead to a worse performance.

- if Ty<Torpy» the same performance is
achieved regardless to the sub-carrier spacing.
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Figure 17 dTTb phase noise mask

In situations when phase noise bandwidth is less than 71
KHz, the error performance of a system with 128 sub-
carriers will be better than that of a system using 2K or
8K. This will be normally the case in the system under
study, as it can be deduced from the phase noise mask
defined within the dTTb project (Figure 17).

¢) Synchronization functions are harder in a
128 sub-carrier system, because the correlation used for
this purpose is much more sensitive to AWGN and
multipath.

d) OFDM signals constrain the power
amplifiers back off to be higher than in single carrier
applications. However, the non-linear effects do not
depend on the number of sub-carriers used, given that
the number is greater than 100,

These points imply that a prototype with 128 sub-
carriers will not provide the same information as a 2K
or 8K one about the main impairments which affect the
OFDM signal and as a consequence, the first solution
suggested to the real-time Rapid Prototyping of this
system would not be acceptable.

4. NON REAL TIME IMPLEMENTATION OF THE

WHOLE SYSTEM
The following process has been carried out to obtain a
prototype of the whole system:
@ Simulation models for ic elements in

itter and receiver

- Inner coding: convolutional codes with
different coding rates obtained by puncturing of the
mother % code [8,9]. They are decoded using the
Viterbi algorithm with the same decoder to every
punctured code and a previous insertion of dummy bits.

- Inner interleaving specified in dTTb.
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- Digital modulation: multi-resolution [7] 4, 8§
‘or 16-QAM combined with inner coding.

- OFDM-OFDD [22] with 2K and 8K sub-
carriers using frequency guards as a protection against
adjacent channel interference (ACI) and time guards to
fight inter-symbol interference (ISI).

@ Simulation model for the channels. Channel

estimation and svnchronization

Two channel models have been implemented for
simulation, which correspond to those suggested within
the dTTb project to evaluate the system performance:
F1 for fixed reception and P1 for portable reception
[5,26].

Pilot sub-carriers have been introduced in the OFDM
frame and channel correction by interpolation of the
channel response (section 3.1) has been studied and
optimized [5,26].

Simulation models for synchronization of the receiver
using the OFDM correlation properties have been
created.

@ DSP_implementation_of the basic_elements in
smitter a iver

After optimization of the above described transmitter
and receiver basic functions, C code has been generated
to be compiled and executed in an Ariel MM-96 board
[22] containing two Motorola DSP96002 [24].

Simulated and DSP signals have been compared to
check the correctness of the prototype and verify the
achievement of the system specifications. Modulation
and coding parameters have been optimized in a feed-
back process between simulation and DSP prototype.

@ DSP implementation of the channel estimation
and onizati bgyste

In the same way C code has been generated and verified
for the channel estimation (and correction) and
synchronization subsystems.

The transmitter runs in an MM-96 Ariel board [23]. Tt
reads MPEG2 data from a file (or any general data
type), processes the base band signal (coding, digital
modulation and OFDM) and writes the signal back to a
file,

The receiver, in another MM-96, reads this file (which
can be modified in the simulator to include signal
distortions such as multipath or phase noise), realizes
the synchronization process and then obtains the output
data after channel correction, demodulation and
decoding.

In this case, Rapid Prototyping can offer some
advantages even though the prototype can not run in
real time. It is possible to optimize parameters and
verify the possibility of implementation. Besides,
subjective qualities can be observed, since MPEG2
images obtained in the receiver after channel
impairments can be compared to the transmitted ones.
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5. CONCLUSIONS

There is an increasing interest in Rapid Prototyping of
communications systems, with the main objective of
reducing the design cycle and improving the products
quality. However, Rapid Prototyping of a complex
system presents some difficulties, which depend on the
system characteristics.

We have applied this concepts to the construction of a
prototype for the European Digital Television for
Terrestrial Broadcasting System (dTTb)  whose
transmission technique (Orthogonal Frequency Division
Multiplexing) has been introduced. After identifying the
problems associated with the construction of a
prototype, two different solutions have been proposed
and discussed:

- Scaling the number of sub-carriers in the
OFDM system so that a real time implementation is
possible.

- Non real time implementation of the whole
system.

The first solution has been discarded, since a scaled
system would not provide the same information about
the main signal impairments as the real one.

The second solution has been adopted, and a prototype
has been presented which allows us to optimize
parameters, verify the possibility of implementation and
observe subjective qualities.
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Synchronized DMT for Multipoint-to-point Communications on HFC
Networks

Krista S. Jacobsen, John A.C. Bingham? and John M. Cioffi
Information Systems Laboratory, Stanford University, Stanford, CA 94305-4055
Phone: (415) 723-2525 FAX: (415) 723-8473

e-mail: jacobsen@isl.stanford.edu

Abstract

This paper presents a method for synchronizing a
large number of discrete-multitone-based modems for
multipoint-to-point communications on hybrid fiber-coax
(HFC) networks. Each newly-installed remote unit. is first
loop-timed to the central modem master clock. Ranging
is then performed to determine the sample delay required
to align at the central unit receiver the symbols transmit-
ted by the remote with those transmitted by remote units
already operating. Upon completing the synchronization
procedure, the remote unit transmits a signal to train the
central unit receiver so that the available upstream band-
width can be used as efficiently as possible during steady-
state operation.

1 Introduction

In the near future, the deployment of hybrid fiber-coax
(HFC) networks by both cable television and telephone
companies will enable high-speed digital transmission both
to and from customer premises. Generally, the network
topology will be a tree-and-branch configuration, with fiber
emanating from a central site, as shown in Figure 1. In
this configuration, the fiber and a significant percentage
of the coaxial cable may serve hundreds of users. For ei-
ther point-to-point or point-to-multipoint communications
in the downstream direction (from the central site to the
remote units), synchronization of the remote units is not of
importance because the central unit coordinates all down-
stream communications. In the upstream direction, how-
ever, the remole units must be synchronized to ensure their
transmissions do not interfere with each other.

Discrete multitone (DMT) is a powerful modulation
technique that can optimize the data rate transmitted
on a channel. It has been shown in [1] that, with rea-
sonable computational complexity, DMT can achieve high
data rates on channels with a variety of transmission im-
pairments, including passband ripple, spectral nulls, and
radio-frequency interference, all of which can be expected

*John Bingham is with Amati Communications Corporation in
Mountain View, CA.
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in HFC networks. This paper presents a procedure for syn-
chronizing a large number of DMT-based remote units for
upstream communications so that the advantages of DMT,
particularly its ability to avoid narrowband interference
while still supporting high data rates, can be exploited in
multipoint-to-point HFC environments.

Section 2 explains the operation of the DMT transceiver.
The synchronization requirements imposed by multipoint-
to-point environments are presented in Section 3, along
with procedures for synchronizing and training multiple
DMT-based remote units. Finally, Section 4 concludes
that the synchronization procedure presented enables ef-
ficient multipoint-to-point communications on HFC net-
works.

2 Discrete Multitone Modulation

Diserete multitone modulation uses an inverse discrete
Fourier transform (IDFT) to partition a transmission chan-
nel into a set of orthogonal, equal-bandwidth subchannels
such that the frequency response of each subchannel is ap-
proximately constant across its bandwidth, as illustrated
in Figure 2. The resulting subchannels are essentially
memoryless, and the small amount of interblock and in-
tersubchannel interference caused by the channel can be
eliminated by the use of a cyclic prefix. Thus, a tradi-
tional equalizer is not required. In the transmitter, a bit-
stream is encoded as a set of quadrature amplitude mod-
ulated (QAM) subsymbols. Each QAM subsymbol repre-
sents a number of bits determined by the signal-to-noise
ratio (SNR) of its associated subchannel. As a simple ex-
ample, assume a transmission channel is divided into 4
subchannels! with SNRs of 13.5, 22.5, 17.0, and 6.0 dB,
respectively. Then, for a received (uncoded) symbol er-
ror probability of 10~7, the subchannels can support 2, 5,
3, and 0 bits, respectively. Thus, DMT can transmit 10
bits per symbol with this configuration, with the first three
subchannels supporting 4-QAM (or, equivalently, QPSK),
32-cross QAM, and 8-cross QAM. The total bit rate of the
system is then (10 bits/symbol)(W symbols/s), where W

!n reality, four subchannels would rarely be sufficient to satisfy
the requirement of flat frequency response magnitude over the band-
width of each subchannel.
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Figure 2: A channel partitioned into subchannels

is the nominal bandwidth of each subchannel. Because the
SNR of the last subchannel is not high encugh to support
2 bits at the desired error probability, 1t 1s not used. The
constellation points are input to a complex-to-real IDFT,
and the output is converted from digital to analog format.
The signal, a sum of real time-domain sinusoids, is then up-
converted to the desired carrier frequency and transmitted
over the channel. In the receiver, after downconversion and
analog-to-digital conversion, the data are input to a DFT,
Each output value is then scaled by a single complex num-
ber to compensate for the magnitude and phase of each
subchannel’s response, and a memoryless detector decodes
the resulting symbols. The set of complex multipliers 1s
known as the frequency-domain equalizer (FEQ). Changes
in the channel magnitude and/or phase are accommaodated
by updating the FEQ taps as the system operates. A gen-
eralized DMT transmitter and receiver pair is shown in
Figure 3.

During steady-state operation, the subchannel SNRs are
monitored, and the bit distribution is modified as necessary
to maintain optimal system performance. This adaptivity
enables DMT to alleviate problems caused by changes in
the channel frequency response or noise while the system
is in use. If the attennation or noise of one or more sub-
channels becomes severe enough to compromise the system
error performance (which could happen, for example, if

a strong external radio-frequency signal suddenly coupled
into the network), the transmitter simply assigns fewer
or no bits to that subchannel while the noise or attenua-
tion persists. Therefore, even unpredictable, bursty, high-
power noise such as ingress from amateur radio or other
radio-frequency interferers can be tolerated by a multicar-
rier system, assuming that either the resulting channel can
continue to support the required data rate or the data rate
can be decreased. Dramatic changes in the channel itself
can also be accommodated similarly by an adaptive DMT
system, provided that the adaptation speeds of the DMT
algorithms are sufficient to track the changes. Further-
more, changes in the channel frequency response or noise
during operation that actually improve any of the subchan-
nel SNRs can be used to increase the system’s overall data
rate, if desired.

3 Synchronized DMT
Multipoint-to-point
nications

for
Commu-

At all times, including during installation, communications
from any particular remote unit to the central-site mo-
dem in a multipeint-to-point HFC environment must oc-
cur without disrupting in-progress data transmissions by
other remote units. Thus, when it is first installed on the
network, before a remote unit is synchronized it may only
transmit while the other remote units are silent. To ac-
commodate this requirement, silent intervals of a prede-
termined length are observed periodically by all remote
units on the network. The duration of these silent periods
must be such that an installation signal transmitted by
any remote on the network will arrive at the central-site
modem before the end of the silent interval. Specifically,
the silent interval must be at least the maximum variation
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Figure 3: DMT block diagram

in round-trip signal delay over all remotes plus the time
required to transmit the information, which may be only
one symbol period.

In a point-to-point environment, use of the IDFT with
a cyclic prefix added to each symbol ensures that the sub-
channels are orthogonal in the presence of white Gaus-
sian noise. In a multipoint-to-point environment, however,
there are two additional requirements for achieving inde-
pendent subchannels. First, only one remote unit may use
any given subchannel during each DMT symbol period.?
Second, the remote units must be synchronized such that
their transmissions arrive at the central-site unit at the
appropriate times. Because the distances between remote
units and the central unit will in general differ significantly,
the times required for signals to travel from each remote
unit to the central-site modem will also vary, Therefore,
in addition to synchronizing with the central-site modem
clock, each remote unit must acquire its sample delay be-
fore it can begin operating. The minimum required delay
for a given remote is the difference between the maximum
round-trip signal delay from the central-site modem to all
units on the network and the remote unit’s round-trip sig-
nal delay. In general, the maximum round-trip signal delay
will correspond to the unit furthest from the central site.

3.1 Synchronization Procedure

When a remote unit is installed on a network, it must first
loop-time its local clock with the central-site modem clock.
The central unit transmitter then sends a signal in a down-
stream control channel that instructs the remote unit to
send its installation parameters, which include its factory-
assigned serial number so that the central-site modem can
address transmissions during installation to the installing
remote in the downstream control channel. Because the
bit capacities of the subchannels from this remote to the
central site have not yet been determined, the remote unit

2Note that the subchannels assigned to a particular remote unit
need not be the same from symbol to symbal. For low bit rate appli-
cations, for example, sufficient throughput may be achieved by using
one subchannel (but not necessarily the same subchannel) every few
symbols,

965

uses differential QPSK (2 bits per subchannel) to trans-
mit its serial number and other required parameters on
some subset (or perhaps all) of the available subchannels
during the next available quiet period. When the central
unit controller detects this signal, it compares the signal’s
symbol boundaries to those of symbols transmitted by the
remote units currently operating. In general, there will be
a difference in the symbol houndaries, and the controller
computes and sends the time delay required of the synchro-
nizing unit to correct the misalignment. The remote unit
then implements the requested sample delay and transmits
a signal requesting verification that it is synchronized. If
the remote unit transmission is indeed synchronous, the
central unit controller sends a signal to that unit in the
downstream channel to indicate that no further shifting
is required, and that the remote unit may now commu-
nicate with the central-site modem incorporating the ap-
propriate delay. Otherwise, the synchronization procedure
is repeated until the central-site controller determines the
remote unit is synchronized. After the initial symbol de-
lay has been determined, unless a remote unit is moved
or its connection to the network is terminated, it should
not have to be resynchronized. Failing to synchronize the
remote units to within a certain tolerance can result in in-
terchannel interference, which can decrease the achievable
bit rates on the affected subchannels.

3.2 Training

After receiving its installation parameters from the central-
site modem and incorporating the required sample delay,
the remote unit transmits a “wide-band” signal during a
specified number of upcoming silent periods to train the
central unit receiver.® Because the newly installed remote
unit is now synchronized with respect to the other remote

*The term “wide-band” here means that the remote unit is al-
lowed to use all of the allowed subchannels in its bandwidth during a
specified number of upcoming silent periods. Note that some of the
subchannels may be disallowed for some reason. For example, if the
network operator has another system in place on the network using
bandwidth that overlaps the bandwidth of the DMT system, then
the overlapping DMT subchannels are marked as “taboo”, and they
are never used for either training or data transmission.
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units, it can transmit using all of the symbols during the
next several silent periods for channel analysis. All other
remote units remain quiet while the remote unit transmits
a training signal on the permissible subset of the subchan-
nels allocated to it, and the central unit controller records
the bit capacity and FEQ tap setting of each subchan-
nel from that remote unit. The bif capacities are used to
determine subchannel assignments when the remote later
requests either a constant data rate or a packet transmis-
sion. Because the controller allocates the subchannels to
the various remote units every symbol period, it can apply
the appropriate FEQ tap to each subchannel during de-
modulation. Thus, if the remotes are all properly synchro-
nized, the signal arriving at the central unit receiver, which
is actually an aggregate of transmissions from a number of
different remote units, can be demodulated as though it
were from a single remote modem, using the appropriate
mixture of FEQ tap settings.

After a remote has been installed, it is periodically re-
trained during another silent interval reserved specifically
for this purpose. As during the installation silent period,
all remote units that are not training remain quiet to al-
low the central unit controller to update its bit capacities
and FEQ tap settings for the training remote. Depend-
ing on the frequency of these silent intervals, the number
of remotes on a particular network, and other system pa-
rameters, each remote could be retrained as often as many
times per second or as infrequently as every two (or more)
seconds.

4 Conclusion

In this paper, a procedure for installing DMT-based re-
mote units in a multipoint-to-point HFC environment has
been described. Specifically, steps and requirements for
synchronizing and training remote units have been out-
fined. Although traditionally DMT has been used only in
point-to-point environments, this paper shows that DMT
can also be employed effectively in multipoint-to-point en-
vironments, as long as the remote units are synchronized to
within a certain tolerance. Thus, the advantages of DMT,
specifically its efficient use of the available bandwidth and
its robustness to radio-frequency ingress and other noises,
can be exploited for transmission on multipoint-to-point
HFC networks.
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