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INTERNATIONAL ELECTROTECHNICAL COMMISSION

DIGITAL RADIO MONDIALE (DRM) -

System specification for digital transmissions
in the broadcasting bands below 30 MHz

FOREWORD

A PAS|is a technical specification not fulfilling the requirements for a standafd 5 le to the
public @dnd established in an organization operating under given procedures.

IEC-PAP 62272-1 is identical to ETSI specification TS 101980. The ETSI dgcun {operation
between Digital Radio Mondiale Consortium (DRM) and the European Telg \ i ) Institute
(ETSI)

Both ETSI and DRM expressed their willingness to have this ET, sume ~ ag’an |IEC PAS.

IEC-PAB 62272-1 has been processed by IEC technical itte X sitting equipment for radio-
commupnication.

The text of this PAS is based onthe
following document: fon® e’P-members of the

theNollowing document:

Report on voting

\\/ 103/25/RVD
N/

Followipg publicati i i mmittee or subcommittee concerned will investjgate the
possibility of transfor g/t i tersational Standard.

1) The|lEC (Intepiat sal Commission) is a worldwide organization for standardization comprising all
natignal electry 3 itte C National Committees). The object of the IEC is to promote interngtional co-
opergption 0 i concerifing standardization in the electrical and electronic fields. To this epd and in
addition i 8 IEC publishes International Standards. Their preparation is entrusted to| technical
committees™any [EC\National Committee interested in the subject dealt with may participate in this preparatory work.
Interjnational, tal and non-governmental organizations liaising with the IEC also participaje in this
prepgration. The)l aborates closely with the International Organization for Standardization (ISO) in a¢cordance

with [conditions determinéd by agreement between the two organizations.

2) The [formal-decisions or agreements of the IEC on technical matters express, as nearly as possible, an infernational
congensus of opinion on the relevant subjects since each technical committee has representation from all jnterested
Natil‘l’m'm@és.

3) The documents produced have the form of recommendations for international use and are published in the form of
standards, technical specifications, technical reports or guides and they are accepted by the National Committees in
that sense.

4) In order to promote international unification, IEC National Committees undertake to apply IEC International Standards
transparently to the maximum extent possible in their national and regional standards. Any divergence between the
IEC Standard and the corresponding national or regional standard shall be clearly indicated in the latter.

5) The IEC provides no marking procedure to indicate its approval and cannot be rendered responsible for any
equipment declared to be in conformity with one of its standards.

6) Attention is drawn to the possibility that some of the elements of this PAS may be the subject of patent rights. The
IEC shall not be held responsible for identifying any or all such patent rights.

ETSI % : Page i
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specific field of broadcasting and related fields. Since s g e body

standardization of radio and television receivers. The\EBU/i oSl tasting
C , legal,

European Broadcasting Union
CH-1218 GRAND SACONNEX (Ge
Switzerland
Tel: +4122717 21
Fax: +41227 4 8

N
Introduction

The freqyency bands.used
*  Low frequency (LF)¥bang

e Mediunfrequen
525 kHz to

* High frequency (HF)bands - a set of individual broadcasting bands in the frequency range 2,3 MHz to 27 MHz,
generally’available on a Worldwide basis.

These bands offer unique propagation capabilities that permit the achievement of:

* Large coverage areas, whose size and location may be dependent upon the time of day, season of the year or
period in the (approximately) 11 year sunspot cycle;

» Portable and mobile reception with relatively little impairment caused by the environment surrounding the
receiver.
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There is thus a desire to continue broadcasting in these bands, perhaps especially in the case of international
broadcasting where the HF bands offer the only reception possibilities which do not also involve the use of local
repeater stations.

However, broadcasting services in these bands:
* use analogue techniques;
» are subject to limited quality;

» are subject to considerable interference as a result of the long-distance propagation mechanisms which prevail in
this part of the frequency spectrum and the large number of users.

As a directresult-of the above considerations : o digital tra
techniqugs in order to provide the increase in quality which is needed to retain listeners who, j
variety of other programme reception media possibilities, usually already offering higher qug

In order tp meet the need for a digital transmission system suitable for use in all of the ka elow iz, the Digital
Radio M¢ndiale (DRM) consortium was formed in early 1998. The DRM consortium is a making body
which seg¢ks to develop and promote the use of the DRM system worldwide. Its prembe padcasters,| network
providers, receiver and transmitter manufacturers and research institutes. More A N from tHeir

website (http://www.drm.org/).

#
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DIGITAL RADIO MONDIALE (DRM) -

System specification for digital transmissions
in the broadcasting bands below 30 MHz

1

Scope

The present document gives the specification for the Digital Radio Mondiale (DRM) system for digital transmissions in

the broad|

casting bands below 30 MHz.

2

The follo

document.

e R{
ng

e Fd

e Fd
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3 Definitions, symbols and abbreviations

3.1 Definitions

For the purposes of the present document, the following terms and definitions apply:

cell: sine wave portion of duration 7, transmitted with a given amplitude and phase and corresponding to a carrier

position

NOT
energy d ded to
reduce th
Fast Acc ssary to
find servi
Main Se} smission
frame an ices
mod: the

NOTY
OFDM slymbol: transmitted signal for that portign of\time/whe ot eld
constant he si
reserved

NOTY
reserved|for future use (rfu):

NOTE 4: Receivers shall lds in

the sam.

Service ELescription Chanfie the
services 1

NOTE he same
Single Fieque et network of transmitters sharing the same radio frequency to achieve a large area
coverage
transmispion frame: a number of consecutive OFDM symbols (duration of 400 ms), whereby the first OFDM|symbol
contains thetime reference cells
transmission super Irame: threc consecutive transmission Irames (duration ol I 200 ms), whereby the 1irst OFDM

symbols contain the SDC block
logical frame: contains data of one stream during 400 ms
multiplex frame: logical frames from all streams form a multiplex frame (duration of 400 ms)

NOTE 6: 1t is the relevant basis for coding and interleaving.

3.2 Symbols

For the purposes of the present document, the following symbols apply:

Ef] expectation value of the expression in brackets
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I reference frequency of the emitted signal

K number of active carriers in the OFDM symbol

K hax carrier index of the upper active carrier in the OFDM signal

K nin carrier index of the lower active carrier in the OFDM signal

Lyux number of input bits per multiplex frame for the multilevel encoding

Nyux number of MSC cells (QAM symbols) per multiplex frame

T elementary time period, equal to 83173 ps (1/12 kHz)

T r duration of the transmission frame, equal to 400 ms

T, duration of the guard interval

T, duration of an OFDM symbol

Ty duration of the transmission super-frame built from three transmission frames
T, duration of the useful (orthogonal) part of an OFDM symbol, excluding vard interva
X* complex conjugate of value X

[ round towards plus infinity

L J round towards minus infinity

3.3 Abbreviations

For the pfirposes of the present document, the following abbreviatig

AAC Advanced Audio Coding

AFS Alternative Frequency Swite
BER Bit Error Ratio

CELR Code Excited Linear Prediction
CRC Cyclic Redundancy Check
DFT

Discrete Fourier Transform
EEP S
FAC
HF
HVX
IFFT
ISO
LF
LPC
LSb
LSP
MF
MPEG
MSb
MSC
OFDM
PRBS Pseudo-Random Binary Sequence
QAM| Quadrature Amplitude Modulation
RF L —— RadieFrequency
rfa reserved for future addition
rfu reserved for future use
SBR Spectral Band Replication
SDC Service Description Channel
SFN Single Frequency Network
SM Simple Modulation
SPP Standard Protected Part
UEP Unequal Error Protection
uimsbf unsigned integer most significant bit first
VSPP Very Strongly Protected Part

1
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4 General characteristics

4.1 System overview

The DRM system is designed to be used at any frequency below 30 MHz, i.e. within the long wave, medium wave and
short wave broadcasting bands, with variable channelization constraints and propagation conditions throughout these
bands. In order to satisfy these operating constraints, different transmission modes are available. A transmission mode is
defined by transmission parameters classified in two types:

- signal bandwidth related parameters;

-t

-

gnsmission efficiency related parameters.

The first fype of parameters defines the total amount of frequency bandwidth for one transg
parametefs allow a trade-off between capacity (useful bit rate) and ruggedness to noise, dultipagtha

4.2 System architecture

This claupe gives a general presentation of the system architecture, based « which

gives refgrence to the clauses defining the individual parts of the system:-

te
ion on

Figure 1
between
the distri}
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Figure 1: Conceptual DRM transmission block diagram
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The source encoder and pre-coders ensure the adaptation of the input streams onto an appropriate digital transmission
format. For the case of audio source encoding, this functionality includes audio compression techniques as described in
clauses 4.3 and 5. The output of the source encoder(s) and the data stream pre-coder may comprise two parts requiring
different levels of protection within the subsequent channel encoder. All services have to use the same two levels of
protection.

The multiplexer combines the protection levels of all data and audio services as described in clause 6.

The energy dispersal provides a deterministic selective complementing of bits in order to reduce the possibility that
systematic patterns result in unwanted regularity in the transmitted signal.

The channel encoder adds redundant information as a means for quasi error-free transmission and defines the mapping
of the digital encoded information onto QAM cells as described in clause 7.

Cell interfleaving spreads consecutive QAM cells onto a sequence of cells quasi-randomly separated in time ancli
frequency, in order to provide robust transmission in time-frequency dispersive channels. THe pilof\generator provides
means to|derive channel state information in the receiver, allowing for a coherent demodulation-ef the'signal.

The OFDM cell mapper collects the different classes of cells and places them on the{imo wid asspgcified in
clause 7.

The OFDM signal generator transforms each ensemble of cells with same timg index to.am ain represemtation of
the signal. Consecutively, the OFDM symbol is obtained from this time démain x¢presghtation by inserting a ghard
interval af a cyclic repetition of a portion of the signal, as specified ip

The modylator converts the digital representation of the OFDM signal (nt ¥$nal in the air. This pperation
involves (ligital-to-analogue conversion and filtering j m requirements as descriped in
annex E.

4.3 Source coding

Within the constraints of broadcasti ati : i hattnels below 30 MHz and the parameters jof the
coding anjd modulation scheme applied, th¢ bi ailablefor\sgrree coding is in the range from 8 kbit/s (half
channels) to =20 kbit/s (standarthchanngels) to gpto =% i

In order tp offer Optlml@
- ajubset of MPEG XAC ¢ d Audio Coding) including error robustness tools for generic monofand
st¢reo audio broadeasti

- agubset of T for error robust speech broadcasting in mono, for cases when gnly a
low bit rateSs available-0t-esp

- ajubs¢ [PY VXCspeech coding for very low bit rate and error robust speech broadcasting infmono,
especiall 1

- Spectral Band'Replication (SBR), an audio coding enhancement tool that allows to achieve full audio bandwidth
at[low bit rates. It can be applied to AAC and CELP.

The bit-sfreaim transport format of the source coding schemes has been modified to meet the requirements of the DRM
system (audio superframing). Unequal error protection (UEP) can be applied to improve the system behaviour in error
prone channels.

Provision is made for further enhancement of the audio system by linking two DRM signals together.
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4.4 Transmission modes

441 Signal bandwidth related parameters

The current channel widths for radio broadcasting below 30 MHz are 9 kHz and 10 kHz. The DRM system is designed
to be used:

- within these nominal bandwidths, in order to satisfy the current planning situation;
- within half these bandwidths (4,5 kHz or 5 kHz) in order to allow for simulcast with analogue AM signals;

- within twice these bandwidths (18 kHz or 20 kHz) to provide for larger transmission capacity where and when
thEpianming consuraints attow for SUciT facility:

These signal bandwidth related parameters are specified in clause 8.

4.4.2 Transmission efficiency related parameters

For any v w a trade
off betwd two
types:

- ¢o  data;

- Ol

pr|

4.4.2.1
As a fung range of
options t
protectio} het'encoder (e.g. 0,6 ...), by the constellation ¢rder
(e.g. 4-Q . Detailed definition of these options is given|in
clause 7.
4422
The OFD) e 8.
These va s modes
for the si e 1
illustrateq

Table 1: Robustness Mode uses

Robustness.M6de Typical Propagation Conditions
A Gaussian channels, with minor fading
B Time and frequency selective channels, with longer delay spread
C As raohiictnges mada. B, but with highnr nnpplnr eprnod
D As robustness mode B, but with severe delay and Doppler spread

The transmitted signal comprises a succession of OFDM symbols, each symbol being made of a guard interval followed
by the so-called useful part of the symbol. Each symbol is the sum of K sine wave portions equally spaced in

frequency. Each sine wave portion, called a "cell", is transmitted with a given amplitude and phase and corresponds to a
carrier position. Each carrier is referenced by the index &, & belonging to the interval [kmin , kmax] (k=0 corresponds to

the reference frequency of the transmitted signal).
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The time-related OFDM symbol parameters are expressed in multiples of the elementary time period 7 , which is equal
to 83173 us. These parameters are:

- T : duration of the guard interval;

- T : duration of an OFDM symbol;

- T, : duration of the useful (orthogonal) part of an OFDM symbol (i.e. excluding the guard interval).

The OFDM symbols are grouped to form transmission frames of duration 7' .

As specified in clause 8, a certain number of cells in each OFDM symbol are transmitted with a predetermined

amplitud¢
pilots" an

Table 2: OFDM symbol parameters

and phase, 1n order to be used as reterences 1n the demodulation process. They shall be called "reter
d represent a certain proportion of the total number of cells.

A G

tnce

Parameters list Robustness Mode N )
A B / 6\ \ D
T (us) g31/3 g31/3 \831’3\ \/ 831/3
24 21113 &N&m 913
T, (ms
u (Ms) (288 x T) (256 x T) 17 (112x T)
T, (ms 22/3 51/3 ( W 7113
(32x T) (64 x T) (7 4 x (88 x 1))
Ty /T, 1/9 % X\/ (\\ 41@1 11/14)
T, =T, T, (ms) 062/3 \ 2523 \ ~7 )\éo 162/3
T/ (ms 400 /k ) 400 400
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5 Source coding modes

5.1 Overview

The source coding options in the DRM system are shown in figure 2.

DRM Source Encoding

AAC

I—» Encoder

mux &
. SBR Encoder CELP Audio chanhel
A.Udlo- o (configuration S o> Encoder Q coding
signal
dependent) aming
HVXC
o> Encoder

DRM Source Deg 0

-
-

, super \QE@ SBR Alidio
bit framing 1 ecoder Decoder * »

stream oytput
demux Q
O S
Decoder
ure 2: Source coding overview

As describeddn claised  system offers audio coding (AAC) and speech coding (CELP and HVXC). In
general, g high frequendy regonstouction method (SBR) can be used to enhance the perceptual audio quality. Hpwever,
at presenf the use of SBR is on]y defined for use with AAC. Special care is taken so that the encoded audio carn be

composed into audio’supeirames of constant length. Multiplexing and UEP of audio/speech services is done By means

of the myltipléx and channel coding units. Audio specific configuration information is transmitted in the SDC
(see clauge6¢4:3.10).
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5.1.1 AAC Audio Coding

For generic audio coding, a subset of the MPEG-4 Advanced Audio Coding (AAC) toolbox chosen to best suit the
DRM system environment is used. For example a standard configuration for use in one short wave channel could be
20 kbit/s mono AAC.

Specific features of the AAC stream within the DRM system are:

- Bitrate: AAC can be used at any bit rate. Byte-alignment of the 400 ms audio super frame leads to a granularity
of 20 bit/s for the AAC bit rate;

- Sampling rates: permitted sampling rates are 12 kHz and 24 kHz;

- Transformriength-thetransfornrfength 1s-966-toensurc-that one-audto-framecorrespomds-to-86-msor49 ms in
tirpe. This is required to harmonize CELP and AAC frame lengths and thus to allow the-eambination ofjan
infeger number of audio frames to build an audio super frame of 400 ms duration;

- Efror resilience: a subset of MPEG-4 tools is used to improve the AAC bit streahye errpr prone
chlannels;

- Atpdio super framing: 5 (12 kHz) or 10 (24 kHz) audio frames are comp 1 : which
alays corresponds to 400 ms in time. The audio frames in the audje”s AT & ed such
that each audio super frame is of constant length, i.e. that bit exchang (RO i i sible
within an audio super frame. One audio super frame is alwaysplaced ime ica . In this
way no additional synchronization is needed for the audio } visions
for UEP are also taken care of within the audio super frame;

- UEP: better graceful degradation and bettgt operati g B shje i e AAC
bif stream. Unequal error protection is realix a_the i i

5.1.2

MPEG CELP speech coding is offered
significantly below the standarf rate{{or exa alf i it/s). i i se of the
speech cqder are:

- Duyal/triple spe icdtions: { ste d of one audio program at 20 kbit/s to 24 kbit/s, the channel contafins two
or|three speech sigrals of ki

- Speech services i addt

- Simulcast t isshonsyin'ce igi i i i ailable;
- Very obustspeechapplications: i i 1ess
aglainst Channekgrross. i i ing infone

chiannel.
Basic feafures of MPEG CELP coding are:

- 8 kHZer 16 kHz sampling rate;

- Bit rates between 4 kbit/s and 20 kbit/s;
- Error robustness;

- Composition of an integer number of CELP frames to build one audio super frame.
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5.1.3 MPEG HVXC coding

MPEG-4 HVXC (Harmonic Vector eXitation Coding) speech coding is offered in the DRM system to allow for
reasonable speech quality at very low bit rates such as 2,0 kbit/s. The operating bit rates of HVXC open up new
applications for DRM such as:

- Speech services in addition to an audio service;
- Multi-language application;

- Solid-state storage of multiple programs such as news, data base in a card radio (e.g. total of about 4,5 hours of
radio programs can be stored in 4 MByte Flash memory);

- Ti 1IC bba}c lllUdiﬁbatiUll f\Jl fabt 1a IUabl\ll‘Ul U Wbill Uf DtUl Cd 1TUSIAIll
p1ay 2 progrant
- Highly error robust transmission with or without hierarchical modulation scheme.

Basic feafures of HVXC coding are:

- 8 kHz sampling rate;
- Bit rates of 2,0 kbit/s and 4,0 kbit/s for fixed rate coding;

- Time scale and pitch modification of arbitrary amounts;

bifstream in error prone channels;

e

514 | SBR coding

To mainthin a reasonable perceived dudi ality at asyical audio or speech source coding algofithms
need to i A ingrg idio
bandwidth also in very low bit rate enni ts. Thig\ca ; Cation).

The purppse of SBRis t C8 by the
encoder. [n order to do<z;: h

bitstream| removing a small g

computed
audio/spd

cr

SBR exis -HQ a
tool that apared to SBR-LC, albeit at a somewhat higher complexity. Both versipns are
encoder 4 d thus offer a "future-proof" upgrade concept. The version difference is orjly
reflected
The SBR] i i ib€d in detail in clause 5.6.
5 2 I II:D ﬁhl‘l ﬂlll‘liﬁ QlinNnor 'Frnminﬁ

. |\ g m— | UTTU UAUUITV \JUHUI ||un||||3

Today's coding schemes are highly optimized in terms of coding efficiency and according to information theory this
should lead to the fact, that the entropy of the bits is nearly equal. If this assumption is true, then the channel coding
must be optimized, such that the total amount of residual errors usually referred to as bit error rate (BER) is minimized.
This criteria can be fulfilled by a channel coding method called equal error protection (EEP), were all information bits
are protected with the same amount of redundancy.

However, the audible effects of errors are not independent of the part of the bitstream that was hit by the error. This
behaviour of unequal error sensitivity is well known for source coding schemes that are used in broadcast and
communication systems, like Eureka DAB or GSM. The optimized solution to cope with this unequal error sensitivity is
called unequal error protection (UEP). In such a system, higher protection is assigned to the more sensitive information,
whereas lower protection is assigned to the less sensitive part of the bitstream.
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To accommodate for UEP channel coding, it is necessary to have frames with a constant length and a UEP profile that
is constant as well for a given bit rate. Since AAC is a coding scheme with a variable length, several coded frames are
grouped together to build one audio super frame. The bit rate of the audio super frame is constant. Since the channel
coding is based on audio super frames, the audio super frames itself consist of two parts: a higher protected part and a
lower protected part. Therefore, the coded audio frames itself have to be split into these two part. Further details on the
audio super frame structure of AAC, CELP and HVXC is provided in the subsequent clauses. Note that HVXC is
intended for use with the EEP scheme only.

Table 3: Syntax of audio_super_frame()

Syntax No. of bits Note
Audio_super_frame(audio_info) /l audio info from the SDC

{

switdh (audio_info.audio_coding) {
cpse AAC: aac_super_frame(audio_info)

break;

cpse CELP: celp_super_frame(audio_info)
break;

cpse HVXC: hvxc_super_frame(audio_info)
break;

}
}
NOTE: rovides

5.3

The following two clauses explain how the AAC and AAC +

5.3.1 AAC

ISO/TIEC [14496-3 [2] together ip coding

standard MPEG-4 AAC 4 if intended
for the use in error pro

bitstreamp. From the possible pe
(Object Tlype ID = 17), whi

DRM spqcific usage 4 2 : ili ithi - i ANAC
bitstreamf HCR (H 9 S

(Reversiljle Varta is tool
reduces the etrQr sehspivity i be used,
since for ow bit ratessihe 6verhead is less than 1 %. The RVLC tool shall not be used, since it introdufes a

significanjt bit rate overhead that would be a major drawback for the low bit rates used by DRM.

The MPHG-4 AAC tool PNS (Perceptual Noise Substitution) shall not be used in DRM since SBR provides thi
functionallity ore appropriately.

2]

For DRM the 960 transform shall be used.

When 12 kHz sampling is used, 5 AAC frames shall be combined into one audio super frame.

When 24 kHz sampling is used, 10 AAC frames shall be combined into one audio super frame.

The AAC sampling frequency shall be 24 kHz when the stereo mode is used.

No standard extension_payload() shall be used and the only allowed extension is SBR (signalled via SDC).

The left and the right channel in one stereo audio frame are transmitted in an interleaved way to achieve a decreasing
error sensitivity within the stereo frame.

The element _instance tag for a single channel element(), respectively a channel pair element(), shall not be used in
order to save 4 bits.
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Any DRM AAC bitstream can easily be translated into an MPEG-4 V2 compliant bitstream by applying the above

rules.

The MPEG-4 standard defines how the bits for one raw error resilient AAC audio frame are stored. Each element of the
error resilient AAC bitstream is assigned an error sensitivity category. In the DRM system there are two possible error

resilient AAC audio frames:

mono audio frame

One mono audio frame consists of three consecutive parts, hereinafter called monol, mono2 and mono3. Monol
contains the side information (SI) bits, mono2 contains the TNS bits and mono3 contains the spectral data bits. The

error sensitivity decreases from monol to mono3.

stereo audie-frame

One sterdo audio frame consists of seven consecutive parts, hereinafter called stereol (co
info left ghannel), stereo3 (side info right channel), stereo4 (TNS left channel), stereo5 (
(spectral data left channel), stereo7 (spectral data right channel). With this interleavin,
error sengitivity is decreasing from stereol to stereo?.

5.3.11 AAC audio super frame

Table 4: Syntax of aac_s;pef:fr\

P02 (side

anel), st¢reo6

, the

Syntax

/) ) No. of bits Note

(@]

(
aac_supler_frame(audio_info) /1 audio info from the b\(y
{ )
switgh (audio_info.audio_sampling_rate) { / Q 24 000 is allow
cpse 12000: num_frames = 5;
break;
hse 24000: num_frames = 10;
break;
}
aac_jsuper_frame_header(nu $

for (f|= 0; f < num_frames; i
higher_protected_blg

r;b=0;b<n highk
audio_fra
ac_crc_bits][f]
}

/I lower_protected_gart
for (= 0; f<nu

S|

QD

see 3

nnex D

}
NOTE 1 num_highe}:pgt;gted_bytes is derived from the UEP profile used (see clause 6).
NOTE 2| audio=frame is either an AAC or an AAC + SBR frame.
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Table 5: Syntax of aac_super_frame_header()

Syntax No. of bits Note
aac_super_frame_header(num_borders)
{
previous_border = 0;
for (n = 0; n < num_borders; n++) {
frame_length[n] = frame_border - previous_border; // frame border in bytes 12
previous_border = frame_border;
frame_length[num_borders] = audio_payload_length - previous_border;
if (num_borders == 9)
reserved I/ byte-alignment 4
}
NOTE: | The audio_payload_length is derived from the length of the audio super frame
(data_length_of _part_A + data_length_of_part_B) subtracting the audio super frapie overhead (byié€s used
for the audio super frame header() and for the aac_crc_bits).

A

higher protected part

The high¢r protected part contains one header followed by num_frames higher o8 . mum JArames if the
number df audio frames in the audio super frame.

header

The headpr contains information to recover the frame lengths of the nul ames stored in the audio super
frame.

All the frame lengths are derived from the absolute pos' 0 S $. These frame borders are stofed
consecutively in the header. Each frame border occup 2 bit i Hteger, most significant bit first). The frame

border is jmeasured in bytes from the start of the AAC bitstre Q que e. 4 padding bits are added in case
num_frafpes==10. num_frames-1 frame borders ate st

higher protected block
One highgr protected block contains a certain amy f bytes-ffom the start of each AAC frame, dependent upon the

UEP profiile. One 8-bit CRC check der1 wed bits of the corresponding AAC frame follows (see apnex D
for CRC galculation). '@ a, er (monol, mono2). For a stereo signal, the CRC-bifs cover
(stereol, gtereo2, stereo3,Ste ste

lower prptected part

The lowef protected byte e hytes not stored in the higher protected part) of the AAC frames are dtored
consecutively intheNower pratected pas
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Figure 3 illustrates an example audio super frame for a 24 kHz sampled signal.

Copyright © 2001, ETSI; 2002, IEC

. header

higher protected payload

. lower protected payload

CRC

5.3.2

The SBR|sampling frequency shall be 48 kHz and
frame contains an AAC part and a
the SBR-pitstream is the last bit irkthe fra
starting ppints of respective part of the

"+ SBR

located at the end of the frame. The fifst bit in
Hus written/read in reversed order. In this way, the

Q Stuffing Bits
AN ]
Fral'%}qx Q : C, Frame n SBR, Frame n Frame n+1
D
\ \\>
<4+“—0

Bit reading Bit reading

direction direction

Figure 4: AAC + SBR frame

Both AAC and SBR data-sizes vary from frame to frame. The total size of the individual frames, now including the
SBR data, can be derived from the aac_super frame header() as described in clause 5.3.1. Thus no extra signalling due

to the varying SBR bit rate is needed.

The AAC + SBR frames are inserted into the audio super frame in the same manner as when SBR is not used.

For source coding bit rates at 20 kbit/s or greater, SBR shall be used. For bit rates below 20 kbit/s, SBR may be used.

The details of the SBR-bitstream are described in clause 5.5.3.
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5.4 MPEG CELP coding

5.4.1 MPEG CELP

ISO/IEC 14496-3 [2] together with ISO/IEC 14496-3/Amd 1[3] define the MPEG-4 Audio standard. The speech coding
standard MPEG-4 CELP (Code Excited Linear Prediction) is part of the MPEG-4 Audio standard. Two versions are
defined, but only version 2 is intended for the use in error prone channels. The CELP bitstreams in the DRM system are
therefore MPEG-4 version 2 bitstreams. From the possible audio object types, only the Error Resilient (ER) CELP
object type (Object Type ID = 24), which is part of the High Quality Audio Profile, will be used in the DRM system.

The MPEG-4 CELP covers the compression and decoding of natural speech sound at bit rates ranging between 4 kbit/s
and 24 kbit/s. MPEG-4 CELP is a well-known coding algorithm with new functionality. Conventional CELP coders
offer conjpression at a single bit rate and are optimized for specific applications. Compression is one of the

itrary bit

applicatigns. It provides scalability in bit rate and bandwidth, as well as the ability to genefa
b vidths

rates. Th¢ MPEG-4 CELP coder supports two sampling rates, namely, 8 kHz and 16
are 100 Hz to 3 800 Hz for 8 kHz sampling and 50 Hz to 7 000 Hz for 16 kHz sampK

A basic bllock diagram of the CELP decoder is given in figure 5.

LPC LPC Parameter LPC/Par
i —>
Indices Decoder m rp
N\

ter

A 4

Lag Adaptive | \

Ind >

nde Codebook | 2

Q ,
Shapge R Fixed N ynthesis Post Output
Index|1 > > . > , Signal
Codeboo 2 N Filter Filter

Shapg R ixe \:/Q
Index|n g e ok | T

N \\/ Gain Excitation
Indicds Decoder Generator

Figure 5: Block diagram of a CELP decoder

The CELP decoder primarily consists of an excitation generator and a synthesis filter. Additionally, CELP decoders
often include a post-filter. The excitation generator has an adaptive codebook to model periodic components, fixed
codebooks to model random components and a gain decoder to represent a speech signal level. Indices for the
codebooks and gains are provided by the encoder. The codebook indices (pitch-lag index for the adaptive codebook and
shape index for the fixed codebook) and gain indices (adaptive and fixed codebook gains) are used to generate the
excitation signal. It is then filtered by the linear predictive synthesis filter (LP synthesis filter). Filter coefficients are
reconstructed using the LPC indices, then are interpolated with the filter coefficients of successive analysis frames.
Finally, a post-filter can optionally be applied in order to enhance the speech quality.

The MPEG-4 CELP coder offers the following functionalities: Multiple bit rates, Bit rate Scalability, Bandwidth
Scalability, and FineRate Control. DRM shall only use the multiple bit rates functionality.
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Multiple bit rates: the available bit rates depend on the sampling rate. The following fixed bit rates can be used:

Table 6: Fixed bit rates for the CELP coder

Bit rates for the 8 kHz sampling rate (bit/s) Bit rates for the 16 kHz sampling rate (bit/s)
3 850, 4 250, 4 650, 5 700, 6 000, 6 300, 6 600, (10 900, 11 500, 12 100, 12 700, 13 300, 13 900,
6 900, 7 100, 7 300, 7 700, 8 300, 8 700, 9 100, |14 300, 14 700, 15 900, 17 100, 17 900, 18 700,
9 500, 9 900, 10 300, 10 500, 10 700, 11 000, 19 500, 20 300, 21 100, 13 600, 14 200, 14 800,
11 400, 11 800, 12 000, 12 200 15 400, 16 000, 16 600, 17 000, 17 400, 18 600,
19 800, 20 600, 21 400, 22 200, 23 000, 23 800

The algorithmic delay of the CELP coder comes from the frame length and an add1t1onal look ahead length The frame
length de = de-an : A atve-pare also
depends ¢n the codlng mode The delays presented below are apphcable to the modes used i M.

Table 7: Delay and frame length for the CELP coder at 8 kHz gampl}

AN
Bit rate (bit/s) Delay (fs) \| \Frame Length{mk)
3850, 4 250, 4 650 45 0
5 7$o, 6 000, 6 300, 6 600, 6 900, 7 100, 7 300, 25 \ 20\ \)
7 700, 8 300, 8 700, 9 100, 9 500, 9 900, 10 300, 10 500, 10 700 e
11 000, 11 400, 11 800, 12 000, 12 200 45 N\ «=\>10

\
T
Table 8: Delay and frame length for the(Ci kHzsampling rate
/N

Bit rate (bit/s) / Frame Length (mp)
10 900, 11 500, 12 100, 12 700, 13 300, 13 @ 20
14 700, 15 900, 17 100, 17 900, 18 700, 195 14

13 600, 14 200, 14 800, 15 400, 16 000, 16 600, 17 00 15 10
17 400, 18 600, 19 800, 20 600, 21 400, 22 200, Z’\OQO

&
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5411 CELP audio super frame

CELP frames have a fixed frame length. The CELP audio frames are grouped together to form audio super frames of
400 ms duration. UEP is applicable. The start of each audio frame is mapped into the higher protected part, the
remaining bits are allocated to the lower protected part. The partitioning of the CELP frames is given in tables 10 and
11. The CELP bit rate index is signalled in the SDC.

Table 9: Syntax of celp_super_frame()

Syntax No. of bits Note
celp_super_frame(celp_table_ind) /I CELP table index from the SDC

switch (audio_info.audio_sampling_rate) { // only 8 000 and 16 000 is allowed
cpse 8000:

(num_frames, num_higher_protected_bits, num_lower_protected_bits)
read_table_10 (CELP_index)

break;
hse 16000:

(num_frames, num_higher_protected_bits, num_lower_protected_bits)
read_table_11 (CELP_index)

break;

(@)

for (f|= 0; f < num_frames; f++) {

higher_protected_block
fer (b = 0; b < num_higher_protected_bits; b++)
celp_frame[f][b] 1
iff(audio_info.CELP_CRC == 1)
celp_crc_bits|[f] 8 see gnnex D
}
/I lower_protected_part
for (ff

~

= 0; f < num_frames; f++) {
for (b = 0; b < num_lower_protected_bits;
celp_frame[f][num_higher_protected_Ri

) N,

a
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Table 10: UEP parameters for 8 kHz sampling CELP

CELP bit Bit rate Audio Higher Lower Higher Lower Audio super
rate index (bits/s) frame Protected Protected Protected Protected frame length
length Part Part Part Part (bytes)
(ms) (bits/audio (bits/audio (bytes/audio (bytes/audio
frame) frame) super frame) | super frame)

0 3850 40 36 118 45 148 193 (see
note)

1 4250 40 36 134 45 168 213 (see
note)

2 4650 40 36 150 45 188 233 (see
note)
6 5 700 20 24 90 60 225 285
7 6 000 20 24 96 60 240 300
8 6 300 20 24 102 60 /25§ 315
9 6 600 20 24 108 60 | 270 330
10 6 900 20 24 114 60 4 (288 345
11 7 100 20 24 118 60 [/ 295 355
12 7 300 20 24 122 60 N\ \7305 365
13 7 700 20 36 118 90 Yo D295 385
14 8 300 20 36 130 9 X 325 415
15 8700 20 36 138 < 90\ ~ \845 435
16 9 100 20 36 146 90\ 365 455
17 9 500 20 36 154 9. 385 475
18 9900 20 36 162 [ /N 090 ) 405 495
19 10 300 20 36 17\ 1 /.x90 425 515
20 10 500 20 36 A7a\Y |/ AL o0 > 435 525
21 10 700 20 36< 18 4\ N0 445 535
22 11 000 10 24 86 120 430 550
23 11 400 10 24 98, 120 450 570
24 11 800 10 24 ( 94 120 470 590
25 12 000 10 24 \ 96 120 480 600
26 12 200 10/ 98 N 120 490 610

NOTE:

/28 \
For these bit rates, the lastfourits of the audio super frerhe are padded with Os.
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Table 11: UEP parameters for 16 kHz sampling CELP

CELP bit Bit rate Audio Higher Lower Higher Lower Audio super
rate index (bits/s) frame Protected Protected Protected Protected frame length
length Part Part Part Part (bytes)
(ms) (bits/audio (bits/audio (bytes/audio (bytes/audio
frame) frame) super frame) | super frame)
0 10 900 20 64 154 160 385 545
1 11 500 20 64 166 160 415 575
2 12100 20 64 178 160 445 605
3 12700 20 64 190 160 475 635
4 13 300 20 64 202 160 505 665
5 13 900 20 64 214 160 535 695
6 14 300 20 64 222 160 555 715
8 14 700 20 92 202 230 505 735
9 15 900 20 92 226 230 /565, 795
10 17 100 20 92 250 230 A 625 855
11 17 900 20 92 266 230 (668, 895
12 18 700 20 92 282 230 ( Q5 935
13 19 500 20 92 298 230 NDNZEN 975
14 20 300 20 92 314 230 N PR85 N\ 1015
15 21100 20 92 330 230 X 825 1055
16 13 600 10 50 86 <280\ 30 680
17 14 200 10 50 92 N250\ A60 710
18 14 800 10 50 98 / 250, 490 740
19 15 400 10 50 104 /Y 2580 /) 520 770
20 16 000 10 50 o\ /. A250\ 550 800
21 16 600 10 50 AN16\ {950 > 580 830
22 17 000 10 50 1200 250 600 850
24 17 400 10 64 110 320 550 870
25 18 600 10 64 — 122 320 610 930
26 19 800 10 64 ( 184 320 670 990
27 20 600 10 64 \ 142\ 320 710 1030
28 21400 10 /63 \ I 320 750 1070
29 22 200 10 N 158\ 320 790 1110
30 23 000 N [N ~_166 320 830 1150
31 04 320 870 1190
5.5
The MPHG-4 HVXC (H Xcitation Coding) speech coding toolset as defined in ISO/IEC 1449¢-3 [2]
covers the comp fatural speech sound at bit rates of 2,0 kbit/s and 4,0 kbit/s. HVXC employs
harmonid cod R C R 'dual signals for voiced segments and Vector eXcitation Coding (VXC) for unvoicgd
segmentsf HVX 1cations-quality to near-toll-quality speech in the 100 Hz to 3 800 Hz band|at 8 kHz
sampling|rate. In add nctionality of pitch and speed change during decoding is supported. This funcfionality
is useful for fast §peech databdse search or browsing. HVXC has a syntax providing error sensitivity categorieq that can
be used with an error protection tool. Additionally the error concealment functionality is supported for the use {n
error-prope‘channels.

DRM uses a subset of the HVXC description in ISO/IEC 14496-3 [2], limiting the syntax to the error resilient syntax
given in ISO/IEC 14496-3/Amd 1 [3] and the data rates to the two options of 2,0 kbit/s and 4,0 kbit/s. Further, HVXC is
used with the non-scalable syntax only. For robust decoding in error-prone channels a low-complexity error
concealment tool (CRC and intra-frame interleaving) is defined specifically for DRM.

The syntax of the HVXC audio super frame is identical for all possible HVXC modes, since HVXC does not support
UEP functionality and the length of a HVXC audio frame is always 20 ms.
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Table 12: Syntax of hvxc_super_frame()

Syntax No. of bits Note

hvxc_su

{
}

n

per_frame(audio_info) /I audio info from the SDC

um_frames = 20;

The number of bits contained in one audio frame is given by the audio information from the SDC (HVXC rate,
HVXC CRC).

In case the 4,0 kbit/s fixed rate HVXC coder is used with the CRC tool, the last 4 bits of each audio super frame are

padded

ith zeros and the receiver shall ignm’e these bits The rpqnlﬁng bit rate therefore is 4 66 kbit/s

Only the
shall only
conjuncti

5.5.1

5.5.1.1

The defiq
ISO/IEC

551.2
Table 13

5.5.2

Figure 6

de-quanti
synthesis
and LPC

fixed rate modes of HVXC (2,0 kbit/s or 4,0 kbit/s) shall be used in audio super fra
be applicable for use with packet mode applications and the variable bit rate sy#ta
pn with such data applications.

Wariable\rate
defined 1

Definitions

HVXC source coder parameters

ition of the basic data entities of a MPEG-4 compliant HY S y em is given in

fixed bit'rate modes

Parameter N Descriptign” length (bits)
CRCO 2k, ERE pits\forESCH at 2 kbit/s 6
CRC1(2k CRC bits forESC1 at 2 kbit/s 1

(CRS2 2k ERC\bit3\forESC2 at 2 kbit/s 1
CRCONGR €RC bits for ESCO at 4 kbit/s 6
CRE1 4k N_CRO\bifs for ESC1 at 4 kbit/s 5
LZRE2\4k CRU bits for ESC2 at 4 kbit/s 1
CRC3 4k “CRC bits for ESC3 at 4 kbit/s 1

shows theoye ture of the HVXC decoder. The basic decoding process is composed of four std
zation of parameters, generation of excitation signals for voiced frames by sinusoidal synthesis (harm|
and\ndise component addition, generation of excitation signals for unvoiced frames by codebook log
synthiesis. To enhance the synthesized speech quality spectral post-filtering is used.

modes

Ps;
onic
k-up,

For voiced frames, a fixed dimension harmonic spectral vector, obtained by de-quantization of the spectral magnitude,
is first converted to the one having the original dimension which varies frame by frame in accordance with the pitch
value. This is done by the dimension converter in which a band-limited interpolator generates a set of spectral
magnitude values at harmonic frequencies without changing the shape of the spectral envelope. Using the spectral
magnitude values, a time domain excitation signal is then generated by the fast harmonic synthesis algorithm using an
IFFT. In order to make the synthesized speech sound natural, a noise component is additionally used. A Gaussian noise
spectral component, covering 2 kHz to 3,8 kHz, is coloured in accordance with the harmonic spectral magnitudes in the
frequency domain, and its IDFT is added to voiced excitation signals in the time domain. The amount and bandwidth of
this additive noise is controlled by the transmitted two-bit V/UV value, which is encoded based on the normalized
maximum autocorrelation of the LPC residual signal. Noise added harmonic excitation signals for voiced segments are

then fed 1

nto the LPC synthesis filter followed by the postfilter.
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Figure 7: Block diagram of the HVXC encoder


https://iecnorm.com/api/?name=02cf53d5efc6a2bc56376f6c1b5878c1

5.5.3.1

_30- Copyright © 2001, ETSI; 2002, IEC

LPC analysis and LSP quantization

The speech input at a sampling rate of 8 kHz is formed into frames with a length and interval of 256 samples and
160 samples, respectively. Tenth order LPC analysis is carried out using windowed input data over one frame. LPC
parameters are converted to LSP parameters and vector quantized with a partial prediction and multi-stage vector
quantization scheme. LPC residual signals are computed by inverse filtering the input data using quantized and
interpolated LSP parameters.

5.5.3.2

Open loop pitch search

The open loop pitch value is estimated based on the peak values of the autocorrelation of the LPC residual signals.
Using estimated past and current pitch values, pitch tracking is conducted to have a continuous pitch contour and to

make the
ensure th

5.5.3.3

The pow(
where thd
one harm|
loop pitcl

differenc¢

spectral ¢
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p pitch tracking operation.

Harmonic magnitude and fine pitch estimation
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is the output g
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of zero crossing and the harmonic structure of the power spectrum of the LPC residual signals.

5.5.3.6

VXC coding of unvoiced signals

For unvoiced segments, regular VXC coding is carried out, where only stochastic codebooks are used. A 6 bits shape
codebook of dimension 80 and 4 bits gain codebook are used for the 2,0 kbit/s mode. For the 4,0 kbit/s mode, the

quantization error of the 2,0 kbit/s mode is quantized using a 5 bits shape codebook of dimension 40 and a 3 bits gain
codebook at the additional stage.
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554 HVXC channel coding

5541 Protected Bit Selection

According to the sensitivity of bits, encoded bits are classified to several Error Sensitivity Categories (ESC). The
number of bits for each ESC is shown in table 14 (2,0 kbit/s, voiced sound), table 15 (2,0 kbit/s, unvoiced sound),
table 16 (4,0 kbit/s, voiced sound) and table 17 (4,0 kbit/s, unvoiced sound). ESCO is the group of the most error
sensitive bits and ESC4 is the group of the least sensitive bits. Bit rate setting of total of 2,4 kbit/s using 2,0 kbit/s
source coder rate, and total of 4,66 kbit/s using 4,0 kbit/s source coder rate are shown.

NOTE: The overall bit rate due to the usage of a CRC is 4,65 kbit/s, but additionally 4 padding bits have to be
inserted for each audio super frame, resulting in an overall bit rate of 4,66 kbit/s, see clause 5.5.
Table 14: Number of ESC bits at 2,0 kbit/s fixed rate mode (voich)
Parameters Voiced frame N~
ESCO (bits) | ESC1 (bits) | ESC2 (bits) | ESC3(hits) | ‘total (bits)
LSP1 5 - - N\ 5 D
LSP2 2 - - 5 LN\ X
LSP3 1 - - NN 5)
LSP4 1 - - NEYA ™M
VUV 2 - N \ =\ N 2
Pitch 6 - RN M\ 7
SE_gain 5 - / - - N 5
SE_shapef - 4 -0/ - 4
SE_shape? - - ( \\4 /¢ - 4
total 22 S AN £ 4 +10 40
CRC 6 1 A\ AN J 8
total + CRC 28 5 NG 10 48
Table 15: Numb{b({Sfﬁé\Z@lstate mode (unvoiced sound)
Parameters [\ NN Unyoiced frame
| ESCO\bits) | \ESCH (bits) T ESC2 (bits) | ESC3 (bits) | total (bits)
LSP1 N 5> N - - 5
LsPa,. 2 [ < 48 3 - - 7
LSP3 R R P 2 - 5
LSP4 A 1 VY- - 1
VUV \ 2 /- - - 2
VX_gaind [0 4 - - - 4
VX gainT HOVVENY M D> - - - 4
YRshape \ O} \ - - 2 4 6
VX_shape1 \ - - - 6 6
StotalN\t T\ 22 4 4 10 40
CRE 6 1 1 - 8
total-+ CRC-_/ 28 5 5 10 48



https://iecnorm.com/api/?name=02cf53d5efc6a2bc56376f6c1b5878c1

-32- Copyright © 2001, ETSI; 2002, IEC

Table 16: Number of ESC bits at 4,0 kbit/s fixed rate mode (voiced sound)

Parameters Voiced frame
ESCO (bits) | ESC1 (bits) | ESC2 (bits) | ESC3 (bits) | ESC4 (bits) total (bits)
LSP1 5 - - - - 5
LSP2 4 - - - 3 7
LSP3 1 - - - 4 5
LSP4 1 - - - - 1
LSP5 1 - - - 7 8
VUV 2 - - - - 2
Pitch 6 - - - 1 7
SE_gain 5 - - - - 5
SE_shape1 - 4 - 4
SE—shape2 4 4
SE_shape3 5 - - - 2 7
SE_shape4 1 9 - - - [ 10
SE_shape5 1 8 - - /N 9
SE_shape6 1 5 - - AN\ 6
Total 33 22 4 4 < 80\
CRC 6 5 1 1 NEN NEd
Tqtal + CRC 39 27 5 5 AAVANE Y
~N
Table 17: Number of ESC bits at 4,0 kbit/s fi}&fﬁk\ de{unvoi sound)
Parameters Unvoiced frame
ESCO (bits) | ESC1 (bits) | ESC2 (kits) N ESQ3(pits) NESC4 (bits) total (bits|
LSP1 5 - AN\ ) L)J /S - 5
LSP2 4 3 N USA- ) - 7
LSP3 1 4 c N - 5
LSP4 1 - - - - 1
LSP5 1 7 1 ¢ - - 8
VUV 2 - N\ A\ - - 2
VX_gain1 [0] 4 < (- N - - 4
VX_gain1 [1] N N - ) - - 4
VX_shape1 - L 6 \ \\/ - - 6
[9]
V)X _shape Q— \ &’t\ 4 1 - 6
[1]
VX_gain2 [0] <3 NN - - - 3
VX gain2[1] | & \3 - ) - - - 3
VX_gain2 [2] 3 AN - - - 3
VX_gain2 [3] \2 \ N - - - 3
VX _shape?2 - - 3 2 5
VX [h 2 \\ \ 5 5
sha - - - -
VX [:?:\ \\/ 5 5
_shape - - - -
2] \)
VIX_shape2 - - - - 5 5
[3]
total 33 22 4 17 80
CRC 6 5 1 1 - 13
total + CRC 39 27 5 5 17 93
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554.2 Syntax of DRM HVXC error resilience (ErHVXCfixframe_CRC)

The bitstream syntax consists of several Error Sensitivity Categories (ESC). Some ESCs include source bits and CRC
bits, where CRC bits are computed from source bits within the same ESC.

The HVXC_CRC field in the SDC is used to indicate whether the stream includes CRC parity bits or not
(see clause 6.4.3.10). The bitstream syntax of the input of the CRC checker is given in figure 8.

MPEG4 V2
EpConfig=0 bit
stream
i
i
"Syntax shown in i
ErHVXCfixframe_CRC tables 18 to 27" CRC v HV, _
ingut bit stream > checker | Sdurce v audio output

No. of bits

Mnemonic

FrHVXCfixframe_CRC(rate)

if (rate == 2000) {
2k_ESCO0_CRCO();
2k_ESC1_CR(Q
2k_ESC2_CR(
2k_ES oCR
} else {

4k_ESCO™

@)
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Table 19: Syntax of 2k_ESCO0_CRCO()

Syntax No. of bits Mnemonic
2k_ESCO0_CRCO0()
{
VUV, 1-0; 2 uimsbf
LSP4, 0; 1 uimsbf
if (VUV!I=0) {
SE_gain, 4-0; 5 uimsbf
LSP1, 4-0; 5 uimsbf
Pitch, 6-1; 6 uimsbf
LSP2, 6; 1 uimsbf
LSP3, 4; 1 uimsbf
LSP2, 5; 1 uimsbf
} else {
VX_gain1[0], 3-0; uimsbf.
VX_gain1[1], 3-0; imsbf
LSP1, 4-0;
LSP2, 6-3;
LSP3, 4-3;
}
if (HVXC_CRC==1){
CRCO0_2k, 5-0; uimsbf
}
Table 20: /Ktax }%/k\gécy C{Qgﬂ)
Syntax No. of bits Mnemonic
2k_ESC1_CRC1()
if (VUV!=0){
SE_shape1, 3-0; % 4 uimsbf
}else {
LSP2, 2-0; 3 uimsbf
LSP3, 2; 1 uimsbf
HVXC
CRC1_. 1 uimsbf
) /\<\
/\&we 21: Syntax of 2k_ESC2_CRC2()
Syntax No. of bits Mnemonic
2k_ESC2) 0‘2()
if (VUV' 0) {
SE_shape2, 3-0; 4 uimsbf
} i L
EISE }
LSP3, 1-0; 2 uimsbf
VX_shape1[0], 5-4; 2 uimsbf
}
if (HVXC_CRC==1){
CRC2_2k, 0; 1 uimsbf
}
}
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Table 22: Syntax of 2k_ESC3_NoCRC()

Syntax No. of bits Mnemonic
2k_ESC3_NoCRC()
if (VUV!=0){
LSP2, 4-0; 5 uimsbf
LSP3, 3-0; 4 uimsbf
Pitch, 0; 1 uimsbf
else {
VX_shape1[0], 3-0; 4 uimsbf
VX_shape1[1], 5-0; 6 uimsbf
!
A
Table 23: Syntax of 4k_ESCO0_CRCO0()
Syntax No. of\bits”\ “Inemaoriic
4k_ESCO0_CRCO()
VUV, 1-0; 2 uimsbf
LSP4, 0; uimsbf
if (VUV!=0){
SE_gain, 4-0; 5 uimsbf
LSP1, 4-0; uimsbf
Pitch, 6-1; 6 uimsbf
LSP2, 6-3; 4 uimsbf
SE_shape3, 6-2; 5 uimsbf
LSP3, 4; 1 uimsbf
LSPS5, 7; 1 uimsbf
SE_shape4, 9; 1 uimsbf
SE_shapeb, 8; 1 uimsbf
SE_shape6, 5; 1 uimsbf
}else {
VX_gain1[0], 3-0 4 uimsbf
VX_ga 4 uimsbf
LSP1, 5 uimsbf
4 uimsbf
1 uimsbf
1 uimsbf
3 uimsbf
3 uimsbf
3 uimsbf
2 uimsbf
6 uimsbf
A
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Syntax No. of bits Mnemonic
4k_ESC1_CRC1()
if (VUV!I=0) {
SE_shape4, 8-0; 9 uimsbf
SE_shape5, 7-0; 8 uimsbf
SE_shape6, 4-0; 5 uimsbf
}else {
VX_gain2[3], 0; 1 uimsbf
LSP2, 2-0; 3 uimsbf
LSP3, 3-0; 4 uimsbf
LSP5, 6-0; 7 uimsbf
VX_shape1[0], 5-0; 6 uimsbf
VX_shape1[1], 5; 1 imsbf
}
if (HVXC_CRC==1){
CRC1_4Kk, 4-0; uinsbf
}
Table 25: Syntax of 4k_ESC2 @@
Syntax /\ MNo. of bits  Mnemonic
4k _ESC2_CRC2()
if (VUV!I=0) { 6
SE_shape1, 3-0; 4 uimsbf
} else {
VX_shape1[1], 4-1; 4 uimsbf
}
if (HVXC_CRC==1){
CRC2_4k, 0; 1 uimsbf
}
A
\\TngE\Sy tax of 4k_ESC3_CRC3()
/\
\Syntax} No. of bits  Mnemonic
4 uimsbf
1 uimsbf
3 uimsbf
}
if (HVXC_CRC==1){
CRC3_4k, 0; 1 uimsbf

T
}
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Table 27: Syntax of 4k_ESC4_NoCRC()

VX_shape2[3], 4-0;
}

Syntax No. of bits Mnemonic
4k_ESC4_NoCRC()
if (VUV!I=0) {
LSP2, 2-0; 3 uimsbf
LSP3, 3-0; 4 uimsbf
LSP5, 6-0; 7 uimsbf
Pitch, 0; 1 uimsbf
SE_shape3, 1-0; 2 uimsbf
}else {
VX_shape2[0], 1-0; 2 uimsbf
VX_shape2[1], 4-0; 5 uimsbf
VX_shape2[2], 4-0; 5 uimsbf

5.9.9

Category Interleaving
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No
es
z[n] =x[n,] z[n] =y[n,]
| |
v v
n, =n, +1 n, =n, +1
t=t+r

5.5.6

5.5.6.1

The CR( parity bits-ate puted from the source bits in the same ESC. A schematic diagram of the CRC chegker, the
polynomials and initializatiQ'procedure is given in annex D.

556.2 Error concealment

In case a CRC error is detected, error concealment processing (bad frame masking) is carried out in the HVXC decoder.
The state transition diagram of the concealment processing is shown in figure 10. A frame masking state of the current
frame is updated based on the decoded CRC result of ESCO. If a CRC error is detected in ESCO, the frame is declared to
be a "bad" frame. The initial state of the state transition diagram is state = 0. The arrow with a letter "1" denotes the
transition for a bad frame, and that with a letter "0" the one for a good frame. At the 2,0 kbit/s rate ESC1 and ESC2 are
protected by CRC bits; at the 4,0 kbit/s ESC1 to ESC3 are protected by CRC bits. The results of the CRC checks
against these ESCs are used to maintain toll quality as described in detail below.
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5.5.6.2.1 Parameter replacement

According to the state value, the following parameter replacement is done. In error free condition, the state value
becomes 0, and received source coder bits are used without any concealment processing.

LSP parameters

At state = 1...6, LSP parameters are replaced with those of previous states. At state = 7, if LSP4 = 0 (LSP quantization
mode without inter-frame prediction), then LSP parameters are calculated from all LSP indices received in the current
frame. If LSP4 = 1 (LSP quantization mode with inter-frame coding), then LSP parameters are calculated with the
following method, where LSP parameters belonging to the LSP1 index are interpolated with the previous LSPs.

LSPyyso(n) = p X LSP,y, (n) + (1= p) X LSP, g (n) forn=1...10 (1)

LSPyy5e (1) is LSP parameters of the base layer, LSP),.,(n) is the decoded LSPs of the preyfou 1 (n) is

the decoded LSPs from the current LSP1 index, and p is the interpolation factor. pis chdnged 1 e number
of previopis bad frames as shown in table 28. LSP indices LSP2, LSP3 and LSP5 are w0
computed according to the Equation (1) is used as current LSP parameters.

Table 28: p factor

frame

[T

D

7

oLk

SN
&

SR

)

Mute variable

Accordin to the "state" value,|a vaciak g 1 control the output level of the reproduced speech. The "mute"
values in|table 29 are u t State = 7 the and "mute" value of the previous

frame (=,5 (1,0 + prev " &) 18%used. However, when this value is more than 0,8, "mute" value i
replaced ith 0,8.

12}

able 29: Mute value

state mute value
1,0
0,8
0,7
0,5
0,25
0,125
0,0
averageru,8

N[OOI |WIN|~|O

Replacement and gain control of "voiced" parameters

At state = 1...6, spectrum parameter SE_shapel, SE shape2, spectrum gain parameter SE gain, spectrum parameter for
4,0 kbit/s mode SE_shape3 ... SE_shape6 are replaced with the corresponding parameters of the previous frame. Also,
to control the volume of the output speech and the harmonic magnitude parameters of LPC residual signal,

" Am[O...127] " is gain controlled as shown in equation (2). In the equation, Am(org)[i] is computed from the received

spectrum parameters of the latest error free frame.

Am[i] = mute X AM(Org)[l] fori=0...127 )
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If the previous frame is unvoiced and the current state is state = 7, equation (2) is replaced with equation (3);

Amli] = 0,6 X mute x Am(,yq[] fori=0...127 3)

As described before, SE_shapel and SE_shape2 are individually protected by 1 bit CRCs. ESC1 applies to SE_shapel
and ESC2 applies to SE_shape2 at 2,0 kbit/s. In the same way, ESC2 applies to SE_shapel and ESC3 applies to

SE shape?2 at 4,0 kbit/s. At state =0 or 7, if both of the CRCs of SE shapel and SE shape?2 are in error at the same
time, the quantized harmonic magnitudes with fixed dimension Am,,[1..44] are gain suppressed as:

Am g [i] = s[i]x Am i] fori=1..44 (4)

qnt(org)[

s[i] is the factor for the gain suppression. Am,,(,-o[]is the fixed dimension harmonic magnitudes generated using

the SE_s]Lapel and SE_shape2 which contains bit errors. Am,,[i] is then dimension converted-to obtain 4m[Jf] .

Table 30: Factor for gain suppression, s[o...%

i 1 2 3 4 5
s[i] | 0,10 | 025 | 0,40 | 0,55 | 0,70 <0,§5\

At 4,0 kbiit/s, SE_shape4, SE shape5, and SE_shape6 are subject to CE i ~When a CRC errqr is
detected, [the spectrum parameter of the enhancement layer is not uged.

At state 5 1...6, the stochastic codebook gain par@ 2 ar1[ 1] are replaced with the previous
frame's X _gainl[1]. Also the stochastic codebook\gain parameters for the bit/s mode
VX gainP[0]...VX gain2[3] are replaced with the previous fran X _gain2[3].

The stochastic codebook shape parameters VX shpel X-shapsl|1] and the stochastic codebook shape
parametets for the 4,0 kbit/s mode: : apeP[1], WX shape2[2] and VX _shape2[3] are generated

from randomly generated index values.

Finally, ip order to contrgl the yolurie af , the LPC residual signal res[O...159] is gain contrglled as
shown infequation (5). @ £ 1ta ignal Obtained by using the stochastic codebook gain and the shape
parametefs generated as exp

Frame M

Figure 10: Frame Masking State Transitions
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5.6 SBR

5.6.1 Conceptual overview
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Spectral Band Replication (SBR) is an audio coding enhancement tool. It improves the performance of low bit rate
audio and speech codecs. SBR can increase the bandwidth of a conventional low bit rate codec to equal or exceed the
analogue FM audio bandwidth (15 kHz), see figure 11. This can be achieved within the low bit rates available from
DRM. SBR can also improve the performance of narrow-band speech codecs, offering the broadcaster 12 kHz
commentary audio bandwidth, used for example for multilingual broadcasting. As most speech codecs are narrowband,
SBR is important not only for improving speech quality, but also for improving speech intelligibility and speech
comprehension. SBR is mainly a post-process, although some pre-processing is performed in the encoder in order to

ut

Decoder | S{Q§

guide the r‘lpr‘nr]ing process
Transmission
or storage
Input
plal Encoder __ _ cGhannel
I
l v Y ()
ST
I .
0

The human Voice and most musical ~struments ge
systems. ‘ Q
componehts form a harmonlc sgries.
etc., giving the voice or musicdl st

signal is ¢quivalent to a truncatjon Of the
and the apdio signal som fled" @

oding system

excitation signals that emerge from gscillating

example vocal cords, strings or reeds etc and its frequency

in| body

€ colour or timbre. A bandwidth limitation of such a

imbre

5000

-
10000 f [Hz]

Figure 12: Example of band-limiting of a typical signal

The SBR concept postulates that a truncated harmonic series can be extended based on the relation between lowband
and highband spectral components. The spectral envelope, i.e. the coarse spectral distribution, of the replicated
highband, must resemble that of the original signal. This is assured by transmitting spectral envelope guidance
information from the encoder to decoder at a very low bit rate (approximately 2 kbit/s/channel).
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It is important to maintain the ratio between harmonic and noise-like components in the replicated highband. This
makes it necessary to selectively add noise components to the SBR replicated high-band.

Two different bit stream protocols are used, one for use with AAC, and one for use with CELP. They are described in
the clauses below.

5.6.2 AAC + SBR Decoding Process

The input to the SBR decoder is the SBR bitstream data and the decoded time domain signal from the AAC decoder,
which is sampled at half the rate of the output signal. The decoded low-band time domain signal is fed to an analysis
QMF bank, as shown in figure 13. The subband signals obtained from the filter bank are re-routed by an LC-repatching
algorithm to reconstruct the high-band. Using the envelope information derived from the transmitted SBR bitstream a
gain adjh tlll\zllt VV;th;ll t}l\z ﬁltbl baul\ ova}ufuvtul buudo ;D PblfUllll\/d VUIT tll\/ IJ;Sh baud oubbaud oisualo. Tll\a 24 .usted
high-band and the delay compensated low-band are then fed to the common synthesis QMF which generdtes the
wide-band time domain output signal.

(@GN
AAC Analysis
Decodg¢d Filterbank Delay
outpu x
ynthesis AAC+SBR
LC repatch ilterbank — Dgcoded
Dutput

AN

Q Hutfaan Gain
ecoder Calculator
SBR .
. Bitstre
Bitstredm—p Deformatter )
Data
F Grid
ontrol

5.6.2.1| , Analysis Filterbank

Subband Eterine-efthe-AAC-decoded-time-domain-sienalis-achieved-usines channe-QMEbanle—Fhe-Hov
figure 14(a) shows the operation. The window coefficients are given in annex I, table I.1. For every loop in the
flowchart, the output is 32 subband samples, each representing the output from one filterbank channel. For every frame
the filterbank will produce 30 subband samples for every channel, corresponding to a time domain signal of length

960 samples.

5.6.2.2  Synthesis Filterbank

Synthesis filtering of the delayed subband samples and the gain-adjusted subband samples is accomplished using a
64-channel complex QMF bank. The operation is shown in the flowchart of figure 14(b), and the window coefficients
are the same as for the analysis bank and tabulated in annex I, table I.1. The delayed subband samples are fed to the
lowest 32 channels. The real-valued gain-adjusted subband samples are fed to channels corresponding to higher
frequencies. The output for every frame is 1 920 time domain samples.
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56.2.3 Gain Control

The steps involved for one cycle of the gain control unit, corresponding to one frame, is shown in the flowchart of
figure 15. First, an energy calculation of the subband samples is performed, i.e. the squared absolute values of the
complex-valued subband samples is computed. The energy samples are subsequently combined within segments being
the same as the segments used in the encoder for the current part of the signal. This combination produces the envelope
samples nrg_est[i], where i =0, 1, ..., nNrg-1. The envelope data transmitted from the encoder is decoded and
dequantized, thus restoring nrg_ref[i], where i =0, 1, ..., nNrg-1. The calculation of gainfactors is then performed by
taking the square-root of the ratios of the energy values nrg_ref[i] and nrg_est[i] with compensation for the noise floor
level; gain[i] = sqrt { nrg_ref[i]/(nrg_est[i] X (1+ns_level[i])) }, fori=0, 1, ..., nNrg-1. The real part of the subband
samples in the segments is multiplied with the corresponding gainfactor, thus adjusting several frequency- and
time-adjacent subband samples with one gainfactor. The noise floor level data transmitted from the encoder is decoded

and dequantized, which restores and maps the nNoiseNrg valies to nNrg noise floor level values, ns level[i]

where 1 90, 1, ..., nNrg-1. Finally, random white noise is added to the subband samples using the noise level data,

i.e. the nqise energy will be nrg_ref[i] X ns_level[i]/(1+ns_level[i]).

5.6.2.4| T/F Grid Control

As stated| filterbank
into time 3
frequency d gain
adjustme e stored
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Analysis filter bank (a) Synthesis filter bank (b)
Begin Begin
Shift input buffer x Input 64 new complex-valued subband samples
For i = 287 down to 32 do Fori=0 to63do
x[i] = x[i - 32] x[i] = next_subband_sample

! |

Shift buffer

Add new samples to input buffer x

Fori= 31 down to 0 do Fori = 1_279_down to 128 “
x[i] = next_input_audio_sample VI[i] = V[i -128] /\
Window by 320 coefficients to produce array Z M i \/

n

bri = 0to 319 do
Zlil=x[i] xc[2xi+1]

}

immation to create array Y

(%]

n

br i = 0 to 63 do tild 640 length array U

YIl=3 Z[i+ ] x 64] Q Phe %0 4 do
o <\ orj= 0t 63 do
/k\ (\ U128 xi+j] = V[256 xi+]]

U128 x i+ 64 +]] = V[256 x i+ 192 + ]

plculate 32 sub.@ amples by Window by 640 coefficients to produce array W

br k = 0 to 31 do

N\
< \N X Calculate 64 output samples
N

Litput 32 coffiplex-valuey subband samples Fori=0to 63 do

Q

n

For k = 0 to 639 do
WIi] = UJi] x c[i]

64 X

63
S[k] =Z YJ[I] x exp{}
1=0

(@)

9
br k =0 t0 31 do next_output_audio_sample =X W[64 x j + ]
dutput_subband_sample = S[K] o0

s e

Figure 14: Flow Chart of the Analysis (a) and Synthesis (b) filter bank

n
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Begin

v

Input 1920 complex-valued subband samples Sij =ntix;

Fori=0 to 63 do
Forj=0to 29 do
my =2+ x;

v

Combine energy samples according to the current grid

For k = 0 to nNrg-1 do
nrg_estlk] =X X m;
i

, where the summation ranges for indices i and j are given by the

current grid. (\\
v (\\\x

For k = 0 to nNrg-1 do
gain[k] = sqrt { nrg_ref [K] / (nrg_lest

k
Multiply real part of subband swiwding gainfactors

r=r+ nrg_ref [k] xns_level[k]/(1+ns_level [k]) x rand_number,
where the ranges for indices i and j are given by the current grid, and
rand_number is a random number from a rectangular distribution in the
range [ -1,1].

v

Output 1 920 subband samples

Fori=0 to 63 do
Forj=0to 29 do
§;=r

End

Figure 15: Flow Chart of the Gain Control Module


https://iecnorm.com/api/?name=02cf53d5efc6a2bc56376f6c1b5878c1

— 46 - Copyright © 2001, ETSI; 2002, IEC

56.3 AAC + SBR Protocol

The SBR bitstream is described by means of pseudo code, using a syntax similar to the one used in the MPEG standard
documents. The location of the SBR bitstream within the AAC audio super frames was described in clause 5.3.2. This
clause only describes how to extract the elements from the bitstream. The application thereof was briefly described in
clause 4.

5.6.3.1 AAC + SBR syntax
Table 31: Syntax of sbr_aac_frame()
Syntax No. of bits Note
sbr_aac[frame(audio_mode) 7 audio_mode Is located In the SDC
{
sbr_grc_bits 8 see gnnex D
if (hdader_flag)
s(];r_header (audio_mode)
sbr_gata (audio_mode, data extra) /l data extra is located in sbr_header
} \)
Table 32: Syntax of sbr_hea
Syntax \ No. of bits Note
sbr_heager (audio_mode)
{
protocol_version 2
amp| res 1
start_frequency 4
stop| frequency 4
xover_band 3
resefved 2
data| extra 1
header_extra_1 1
header_extra_2 1
if (audio_mode == T
I¢_stereo_mo 2
// oplional parts
if (hdader_extra_1)
freq_scale 2
a'l‘:er_scal 1
nioise_Mbanad 2
}
if (hgader_ex
limiter_band 2
limiter_gains 2
interpol \freq 1
smoothing_mode 1
reserved 1
}
}
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Table 33: Syntax of sbr_data()

Syntax No. of bits Note
sbr_data (audio_mode, data_extra)
{
if (audio_mode != STEREO) {
sbr_single_channel_element (data_extra)
}
else {
sbr_channel_pair_element (data_extra)
}
}
Table 34: Syntax of sbr_single_channel_element ()
Syntax K No( ofbits Note
sbr_single_channel_element (data_extra)
{
/I side info
sbr_grid (0)
sbr_dtdf (0) /l data delta coding direction
invf imode 2
sbr_mode 2
if (ddta_extra)
reserved 3
/l ra} data
sbr_envelope (0,0)
sbr_noise (0,0)
1 sbjlextended data
if (eftended_data) { 1
cht = extension_size /[ cntis alu%tes 4
if|(cnt = 15) {
cnt += esc_count; 8
}
extension_id 2
spr extensmn( RSio |d])
}
}
&\\;\%Syntax of sbr_channel_pair_element ()
Syntax No. of bits Note
sbr_chamel ir eTeb&en a e tra)
{
if (cqupling) { 1
/| sideiinfo
spr.grid (0) /I grid common to both channels
n |||_c||v[1] = ||uu|_c||v[0], ||un|_||uiav[1] = ||uu|_||uiav[0]
for(env = 0; env < num_env|[0]; env++)
freq_res[1][env] = freq_res[0][env]
sbr_dtdf (0) /I mono data delta coding direction
sbr_dtdf (1) /I stereo data delta coding direction
invf_mode 2
sbr_mode 2
if (data_extra)
reserved 3
/l raw data
sbr_envelope (0,1) / mono data
sbr_noise (0,1) // mono data
sbr_envelope (1,1) /I stereo data
sbr_noise (1,1) // stereo data
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Syntax No. of bits Note
// sbr extended data, to be used for both channels
if (extended_data) { 1
cnt = extension_size /I entis value in bytes 4
if (cnt = 15) {
cnt += esc_count; 8
}
extension_id 2
sbr_extension([extension_id])
}
}
else {
/| side info
spr_grid (0) /I left grid
spr_grid (1) /I right grid
spr_dtdf (0) /I left data delta coding direction
spr_dtdf (1) /I right data delta coding direction
invf_mode /I left mode
invf_mode /I right mode
spr_mode /' left SBR mode bits
spr_mode I right SBR mode bits 2
if|(data_extra)
reserved 6
/lfraw data
spr_envelope (0,0) Il left data
spr_envelope (1,0) // right data
spr_noise (0,0) /I left data
spr_noise (1,0) /I right data
//|sbr extended data, left channel
if|(extended_data) { 1
cnt = extension_size 4
if (cnt = 15) {
cnt += esc_co 8
}
extension_j 2
sbr_extensi te
}
/
if] 1
/I entis value in bytes 4
8
2
S
}
}
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Table 36: Syntax of sbr_grid()

Syntax No. of bits Note
sbr_grid (ch)
switch (frame_class) { 2
case FIXFIX
num_env[ch] = 2temp /I number of envelopes 2
freq_res Il frame global frequency resolution 1

for(env = 0; env < num_env[ch]; env++)
freq_res[ch][env] = freq_res;
break;
case FIXVAR
/ mandatory part:

abs_bord[ch] = temp + number_time_slots  // last border
num_rel [ch] /I number of relative borders
num_env[ch] = num_rel[ch] + 1 // number of envelopes
for(rel = 0; rel < num_rel[ch]; rel++)
rel_bord[ch][rel] = 2*temp + 2; // relative borders, last to first
ptr_bits = ceil (In (num_rel[ch] + 2)/In (2)) // number of pointer bits
pointer[ch]
for(env = 0; env < num_env[ch]; env++)
freq_res[ch][num_env[ch] - 1 - env] = freq_res; // |as 1
break;
cpse VARFIX
/I mandatory part:
abs_bord[ch] /I first border 3
num_rel[ch] 2
num_env[ch] = num_rel[ch] + 1 //numbe
for(rel = 0; rel < num_rel[ch]; rel++)
rel_bord[ch][rel] = 2*temp + 2; 2
ptr_bits = ceil (In (num '
pointer[ch] ptr_bits
for(env
freq_res| 1
break;
cpse VARVAR
/I mandatoryp
abs.bord_0[ch 3
alis_bord \l[cR}=temp\+ number_time_slots // last border 3
numxrel /Inumber of relative borders, first to last 2
num_rei1eh] /Inumber of relative borders, last to first 2
num_efv[chis num_rel_O[ch] + num_rel_1[ch] +1 //number of env
for(ret=0; rel <Tum_rel_O0[ch]; rel++)
rel_bord_O[ch][rel] = 2*temp + 2; // relative borders, first to last 2
for(rel = 0; rel < num_rel_1[ch]; rel++)
— Tei_borg—tfchifret==2"temp+2; 7 Tetative borders, tastto first 2
ptr_bits = ceil (In (num_rel_0[ch] + num_rel_1[ch] + 2)/In (2)) // ptr bits
pointer[ch] ptr_bits
for(env = 0; env < num_env[ch]; env++)
freq_res[ch] [env] = freq_res; // freq resolutions, first to last 1
break;
if(num_env[ch] > 1)
num_noise[ch] = 2 /I number noise floors

Else
num_noise[ch] = 1
}

}
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Table 37: Syntax of sbr_dtdf ()

Syntax No. of bits Note
sbr_dtdf (ch)
for(env; env < num_env[ch]; env++)
df_env[ch][env] = df_env_flag; 1
for(noise; noise < num_noise[ch]; noise++)
df_noise[ch][env] = df_noise_flag; 1
}

Table 38: Syntax of sbr_envelope ()

Syntax No. of bits I‘ilote

sbr_envglope (ch,coupling)

/I Huffman table selection
if(codipling)

{
if(ch)

t_huff = t_huffman_env_stereo;
f_huff = f_huffman_env_stereo;

-

ejse

{
t_huff = t_huffman_env_mono;
f_huff = f_huffman_env_mono;
}
else
{
| huff = t_huffman_env;

-

—

| huff = f_huffman_env;

}

/I ra} data extractio
for(epv = 0; env < nvj ++)
{

if(df_env[ch][env])

{
if(coupling &
start_value_stereo; 5/6 amp_[res=1/
amp_|res=0
el
s env_start_value_mono; 6/7 amp_[res=1/
amp_|res=0
for(band-= 1; bapd < num_env_bands[freq_res[ch][env]]; band++)
data_env[ch][env][band] = huff_dec(f_huff,codeword); 1...18
}
else
for(band = 0; band < num_env_bands[freq_res[ch][env]]; band++)
data_env[ch][env][band] = huff_dec(t_huff,codeword); 1...18
}
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Table 39: Syntax of sbr_noise ()

Syntax No. of bits Note

sbr_noise (ch,coupling)

/I Huffman table selection
if(coupling)
{

if(ch)

t_huff = t_huffman_noise_stereo;
f_huff = f_huffman_noise_stereo;

}

else

t_huff = t_huffman_noise_mono;
f_huff = f_huffman_noise_mono;

}
}
else
{
t_huff = t_huffman_noise;
f_huff = f_huffman_noise;
}

/I raW data extraction
for(npise = 0; noise < num_noise[ch]; noise++)

df_noise[ch][noise])

~ =

if(coupling && ch)
data_noise[ch][noise][0] = noise_stg
else

@D -

se
{
for(band = 0; ba

data_nois

} / N
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56.3.2 SBR bit stream element definitions

sbr_cre_bits Cyclic redundancy checksum for the SBR bit stream part. The CRC algorithm is applied to
the first crc_len number of bits after the sbr_crc_bits as defined by table 40. fkn is defined as
count = frame length - num_codec_bits, whereas num_codec_bits is the number of bits
consumed by the core coder (AAC).

Table 40: Number of bits covered by the CRC

audio_mode header_flag No. of bits

MONO 1 crc_len = min(74, fkn(count))

MONO 0 crc_len = min(47, fkn(count))
LC_STEREO 1 crc_len = min(76, fkn(count))
'C_STEREO 0 Crc_len = min(&7, TRN(count))

STEREO 1 crc_len = min(120; count))
STEREO 0 crc_len = min(93, fkn(count))
N
header_flag Indicates if a SBR header is present.
protocol]| version Defines the version of the SBR protocol as given by table
Table 41: Definition of protocol>vers
protodol_version Version \ Note
0 DRM SBR Bitstream Format “\\J46 defined by the predent
document
1 r s
2 erv
3
amp_res
amp_res Note
0
1
start_frequency dextg describeth€ lower boundary of the frequency range covered by SBR.
stop_frequency ibe the upper boundary of the frequency range covered by SBR.
xover_b3gnd describe the crossover frequency between AAC and SBR
Decoding of start_freque nd stop frequency yields the values of num_env_bands[2], the number of frequency
bands for|the envelope sampfes (low and high frequency resolution respectively), and num noise bands, the nfimber of
frequency bands/for the noise-floor samples, which are used in the subsequent extraction of bitstream elements
The QMFThannet which Tepresents the Crossover channel between e Spectrum covered by AAC and SBRiS given by

gqmf freq band table [xover band], whereas the qmf freq band table[] itself is dependent on freq scale, alter scale,
start frequency and stop_frequency
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Table 43: Start_frequency chart (fs = 48 000)

Index Frequency (Hz)
0 4125
1 4 500
2 4 875
3 5250
4 5625
5 6 000
6 6 375
7 6 750
8 7 500
9 8 250
10 [oWaTalal
11 10 125
12 11625
13 13125
14 14 625
15 16 500 <
Table 44: Stop_frequency chart (ff@
Index Frequency(Hz)~ >\
0 7875
1 (8625 )
2 (CA\R7Y o/
3 /N 10125C( ) /)
4 \10.87§ )
5 120007
6 1 13 125
7 [ N\M250
8\ [\ o\ 45375
I NI | 18875
N0 118 375
11 ~—" 20250
\12 N 22 125
Q YEEEY 24 000
14 2 x f0
® 3 xf0
Table 45: Definition of xover_band
xover Hhand\_\ .\ \ Description Note
0-7 NN / Index to gmf_freq_band_table []
data_extfa Indicates whether the optional data part is enabled.
header_¢xtra 1 Indicates whether the optional header part 1 is enabled.

header_extra_2

Ic_stereo_mode

Indicates whether the optional header part 2 is enabled.

Defines the low complexity stereo mode behaviour as given by table 46.
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Table 46: Definition of Ic_stereo_mode

lc_stereo_mode

Meaning Note

0

1
2
3

Off
Level 1
Level 2
Level 3

freq_scale

Defines the frequency envelope bands grouping scale as given by table 47.

Table 47: Definition of freq_scale

fre

Scale Note

wN—\OrE

Linear
12 bands/octave
10 bands/octave
8 bands/octave

alter_scdle

Table 48: Definition of alter ¢

alter_scale

Action for freq_scale=0 / Axtion for freq_scale[> 0

0
1

no alteration
extra wide bands in highest range

no grouping of channels K /(7
groups of 2 channels™\ AN

noise_bapds

noise_bands { Note
0
1
2
3
limiter_Bands ines ber of limiter bands as given by table 50.
le 50: Definition of limiter_bands
Ilmlter_ba’nﬁs\ \ \ Meaning Note
0 1 band single band
1 1,3 bands/octave multi-band
2 2,0 bands/octave multi-band
3 2,6 bands/octave multi-band
limitel‘_ dill& DCﬁlle iilC llla)&illlulll gaiu Uf LIIC lilllitclb ad> 5ivcu 1Uy Ld‘UlC Jl.
Table 51: Definition of limiter_gains
limiter_gains Max Gain [dB] Note
0 -3
1 0
2 3
3 infinite (i.e. limiter off)
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Defines if the frequency interpolation shall be applied as given by table 52.

Table 52: Definition of interpol_freq

interpol_freq Meaning Note
0 Off
1 On

smoothing_mode

Defines if smoothing shall be applied as given by table 53.

Table 53: Definition of smoothing_mode

smoothing—mode Meaning Note
0 On
1 off RN
N
invf_mode Defines how inverse filtering shall be applied as given byxtab
Table 54: Definition of invf_mod
N
invf [mode Meaning N A\ =\ \ Note
0 no inverse filtering A
1 low level inverse filterihg
“ intermediate inverse filierin
3 strong inverse fifteXj A
sbr_mode Defines the SBR algorit iiji
Table 5%: Definition ode
sbr_mode Note
0 use SBR-LC in V1.0
1 use SBR-LC in V1.0
v
3 use SBR-LCin V1.0

extended data

extensio'I_size

esc_cou

extension_id

Furthendefines the size of the SBR extended data element in cases where the size i§ bigger

Holds an ID of the SBR extended data element.

i

Indicates whether the stereo information between the two channels is coupled or no|

Q.
T

Indicates the number of relative borders within the time grid information for the current

coupling
frame_cl
freq_res Indicates the frequency resolution.
num_rel
frame.
pointer Points to a border within the time grid.
abs_bord Indicates the location of the variable border within the time grid.
df env_flag

Indicates whether to apply delta decoding of the envelope samples in time or frequency
direction.
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Table 56: Definition of df_env_flag

df_env_flag Meaning Note
0 Apply delta decoding in time direction
1 Apply delta decoding in frequency direction
df noise_flag Indicates whether to apply delta decoding of the noise samples in time or frequency
direction.

Table 57: Definition of df_noise_flag

df _noise_flag Meaning Note
C I’_\\Pp:y dc:ta dU\JUd;IIs ;II t;lllc d;IUUt;UII
1 Apply delta decoding in frequency direction

env_starf_value_stereo Holds the first envelope value in case of a coupled stereo

env_starf_value_mono Holds the first envelope value in case of a non-coupl anono\bit stream

noise_start value_mono Holds the first noise value in case of a ?—QQ\ST it stream.
)

6 Multiplex definitio

6.1 Introduction

The DRM eSS
Channel FAC
provides hation to
allow for 5 of the

same data, st

services.

6.2
6.2.1

The main a eontains the data for all the services contained in the DRM multiplex. The multiplex
may contpin betwe€n,one our services, and each service may be either audio or data. The gross bit rate of the MSC
is dependent upen-the DRMChannel bandwidth and the transmission mode.

6.2.2 Structure

The MSC contains between one and four streams. Each stream is divided into logical frames each 400 ms long. Audio
streams comprise compressed audio and optionally they can carry text messages. Data streams may be composed of up
to four "sub-streams" consisting of data packets. A sub-stream carries packets for one service. An audio service
comprises one audio stream and optionally one data stream or one data sub-stream. A data service comprises one data
stream or one data sub-stream.

Each logical frame generally consists of two parts, each with its own protection level. The lengths of the two parts are
independently assigned. Unequal error protection for a stream is provided by setting different protection levels to the
two parts. The logical frames from all the streams are mapped together to form multiplex frames of 400 ms duration
which are passed to the channel coder. Alternatively, the first stream may be carried in logical frames mapped in to
hierarchical frames.
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The multiplex configuration is signalled using the SDC. The multiplex may be reconfigured at transmission super frame
boundaries.

Annex M contains some examples of different MSC configurations.

6.2.3  Building the MSC

The MSC consists of a sequence of multiplex frames, and if hierarchical modulation is in use a sequence of hierarchical
frames also. The multiplex frames and hierarchical frames are passed separately to the channel coder.

6.2.3.1 Multiplex frames

The multfplex Trames are bullt by placing the logical frames from each non-hierarchical stream fogether. The T gical

frames cqnsist, in general, of two parts each with a separate protection level. The multiplex frame d by
taking th¢ data from the higher protected part of the logical frame from the lowest numbere when
hierarchi¢al modulation is not used, or stream 1 when hierarchical modulation is used) a : t of the
multipley frame. Next the data from the higher protected part of the logical frame frof the\gext Yowest numbered
stream is[appended and so on until all streams have been transferred. The data frg the
logical frame from the lowest numbered stream (stream 0 when hierarchical medulation\ 5¢ when
hierarchi¢al modulation is used) is then appended, followed by the data fropatheNower p fect ical
ected

frame frojm the next lowest numbered stream, and so on until all streams Ka
part is depignated part A and the lower protected part is designated pgrt

The multjplex frame will be larger than or equal to the sum of the

remaindey, if any, of the multiplex frame shall be filled with 0

6.2.3.2 Hierarchical frames

The hiergrchical frames only exist when hierarchi¢al modulatigntis 3 i i the
logical frame from stream 0 and placing it at the start o i

The hiergrchical frame will be largsr than t i ich iti . i if any,
of the higrarchical frame shall be g

6.2.4 Recor@u

A reconfiguration of the iyl dChannel parameters in the FAC are changed, or when the s¢rvices in
the multiplex are reorgag . ation is signalled ahead of time in the SDC and the timing is irldicated
by the re¢onfiguration S & Clause 6.4.6 describes the signalling of a reconfiguration.

6.3

6.3.1

The FA(]is‘used to pr0V1de service selection mformatlon for fast scannlng It contains mformatlon about the channel
parametets arrple-the-speetrum-oecupaney—aH ereaving-depth)-sueh-thatareeetverisableto-beginrte decode
the multiplex effectlvely It also contams 1nformat10n about the services in the multiplex to allow the receiver to either
decode this multiplex or change frequency and search again.

6.3.2 Structure

Each transmission frame contains an FAC block. An FAC block contains parameters that describe the channel and
parameters to describe one service along with a CRC. When more than one service is carried in the multiplex, a number
of FAC blocks are required to describe all the services.


https://iecnorm.com/api/?name=02cf53d5efc6a2bc56376f6c1b5878c1

- 58 — Copyright © 2001, ETSI; 2002, IEC

6.3.3 Channel parameters

The channel parameters are as follows:

- Base/Enhancement flag 1 bit
- Identity 2 bits
- Spectrum occupancy 4 bits
- Interleaver depth flag 1 bit
- MSC mode 2 bits
- SIPC mode 1 bit
- Npmber of services 4 bits
- Rgconfiguration index 3 bits
- rfy 2 bits

The folloing definitions apply:

Base/Enhancement flag: this 1-bit flag indicates whether the trans yer as
follows:

0: Bage layer - decodable by all DRM receivers

1: Enhancement layer - only decodable by recsj
Identity:|this 2-bit field identifies the current fra ollows:

00: fi
01: sq
10: th|
11: fiy
Spectrur
Interleay
0:25s
1:40
MSC maode: this 2-bjt T

eld indicates the modulation mode in use for the MSC as follows:

00: 64-QAM) no hierarchical

01: 64=Q2vt hierarchicatomt
10: 64-QAM, hierarchical on 1&Q
11: 16-QAM, no hierarchical
SDC mode: this 1-bit field indicates the modulation mode in use for the SDC as follows:
0: 16-QAM
1: 4-QAM
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Number of services: this 4-bit field indicates the number of audio and data services as follows:
0000: 4 audio services
0001: 1 data service
0010: 2 data services
0011: 3 data services
0100: 1 audio service

0101: 1 audio service and 1 data service

0110:[Taudio service and 2 data services
0111:[1 audio service and 3 data services
1000:|2 audio services

1001:(2 audio services and 1 data service
1010:(2 audio services and 2 data services
1011:[reserved

1100:|3 audio services

1101:|3 audio services and 1 data service
1110:|reserved

1111:|4 data services

Reconﬁﬂlration index: this 3-bit
value shalll indicate the number o
clause 6.4.6.

rfu: thes¢ 2 bits are res@f

6.3.4

The service parameters are

indicate ts and titfing of a multiplex reconfiguration. A n¢n-zero
nission supenframes-befrethe new configuration will take effect, see

and ShallNge setto zero until they are defined.

- Sdrvice iden%
- SHort iden

- CA indication

- L4ngudge 4 bits
- Abdie/Pata ﬁug 1 bit

- Service descriptor 5 bits
- Rfa 7 bits

The following definitions apply:
Service identifier: this 24-bit field indicates the unique identifier for this service.

Short Id: this 2-bit field indicates the short identifier assigned to this service and used as a reference in the SDC. The
Short Id is assigned for the duration of the service and is maintained through multiplex reconfigurations.
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CA indication: this 1-bit flag indicates whether the service uses conditional access as follows:
0: No CA system is used
1: CA system is used
NOTE 1: The details are provided by the SDC data entity type 2.

Language: this 4-bit field indicates the language of the target audience as defined in table 58.
NOTE 2: Further languages are also indicated by SDC data entity type 12.

Audio/Data flag: this 1-bit flag indicates whether the service is audio or data as follows:

0: Auffio service
1: Data service

Service descriptor: this 5-bit field shall depend upon the value of the Audio/Data flags

0: Prqgramme type
1: Application identifier
Programme type: this 5-bit field indicates the programme type of an audi

Applicatjon identifier: this 5-bit field indicates the application id¢ntifj S 968.
The valug 0 indicates that the application details are provided p Q

Rfa: these 7 bits shall be reserved for future addifions\an

Decimal Language e‘sjgaél
Number /\ g/g\\ \ ber Language

0 Noanguage specifieth N\ 8 Hindi

1 N\ Arabig™ J 9 Japanese

2 | Bengali 10 Javanese

3 \ Chinese (Mandatin)\. > 11 Korean

4 RN “Rutch 12 Portuguese

5 / Enbl[sjn\ / 13 Russian

6 “Rrench 14 Spanish

7 NGetman/ 15 Other language
@ \\Zble 59: Programme Type codes
Deci \/Programme type Decimal p ¢
Number Number rogramme type

0 Nb{{rogramme type 16 Weather/meteorology

1 News 17 Finance/Business

2 Current Affairs 18 Children's programmes

3 trformmation 19 SociatAffairs

4 Sport 20 Religion

5 Education 21 Phone In

6 Drama 22 Travel

7 Culture 23 Leisure

8 Science 24 Jazz Music

9 Varied 25 Country Music

10 Pop Music 26 National Music

11 Rock Music 27 Oldies Music

12 Easy Listening Music 28 Folk Music

13 Light Classical 29 Documentary

14 Serious Classical 30 Not used

15 Other Music 31 Not used
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6.3.5 CRC

The 8-bit Cyclic Redundancy Check shall be calculated on the channel and service parameters. It shall use the generator
polynomial Gg(x) = x8 +x% + x3 + x2 + 1. See annex D.

6.3.6 FAC repetition

The FAC channel parameters shall be sent in each FAC block. The FAC service parameters for one service shall be sent
in each block. When there is more than one service in the multiplex the repetition pattern is significant to the receiver
scan time. When all services are of the same type (e.g. all audio or all data) then the services shall be signalled
sequentially. When a mixture of audio and data services is present then the patterns shown in table 60 shall be signalled.

[able 60: Service parameter repetition patterns for mixtures of audio an ta serwceJ;

Number of | Number of Repetition pattern Q
audio data

services services /\
1 1 A1A1A1A1D1 \
1 2 A1A1A1A1D1A1A1A1A1D2 X
1 3 A1A1A1A1D1A1A1A1A1D2A1A1A1A1D3 \ NOX
2 1 A1A2A1A2D1 { N\ X \
2 2 A1A2A1A2D1A1A2A1A2D2 A VX )
3 1 A1A2A3A1A2A3D1 )

Where A

6.4

6.4.1

This claup
to find al

3C, how

The data
capacity

SDC

Alternati eved, without loss of service, by keeping the data carried in the SDC
quasi-stafic. Therefare \ frames has to be carefully managed.

When us]

6.4.2

An SDC block7is'the SDC data contained in one transmission super frame.

The SDClis‘treated as a single data channel. The total amount of data to be sent may require more than a singld SDC
block to send. An AFS index is therefore provided to permit a receiver to know when the next occurrence of the current
SDC block will be transmitted, and so allow for alternative frequency checking and switching (AFS). A validity
function is provided in the FAC to indicate whether the AFS index is valid or not, indicating to a receiver when the AFS
function can operate.

The SDC block is made up as follows:
- AFSindex 4 bits
- data field n bytes
- CRC 16 bits
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The AFS index is an unsigned binary number in the range 0 to 15 that indicates the number of transmission super
frames which separate this SDC block from the next with identical content when the identity field in the FAC is set to
00. The AFS index shall be identical for all SDC blocks. The AFS index may be changed at reconfiguration.

The data field carries a variable number of data entities. It may contain an end marker and padding. The length of the
data field depends upon the robustness mode, SDC mode and spectrum occupancy, and is given in table 61.

Table 61: Length of SDC data field

Length of data field (bytes)
Robus(tjness SD;: Spectrum Occupancy
mode mode 0 1 2 3 4 5

A 0 37 43 85 97 184 207
] 17 20 Ll 47 o 02

B 0 28 33 66 76 A4 161
1 13 15 32 37 (70 79

[ 0 - - - 68 N~ 147
1 - - - 32 N\ - 72

D 0 - - - 33 \ # 78
1 - -

The CR( (Cyclic Redundancy Check) field shall contain a 16-bit CRC cateulat an 8-bit

field (4 nsbs are 0) and the data field. It shall use the generator polynOmia

6.4.3 Data Entities

The data [field is filled with data entities. Every data
has the fqllowing format:

-1

[¢]

ngth of body
- vdrsion flag
- data entity type

The following deﬁniti

The leng ¢g’occupied by the data entity body.
The version flag controls the
The data|entity type is a 1

The version
actual mgchanism used

Reconfiguration:
current (= 0) or next (= 1) configuration.

List:

ot data entities using this mechanism, the version flag indicates whether the data is fi

header

ow. The

r the

ist. When

Unique:

any of the data in the list changes, the flag is inverted and the existing data in the receiver is
discarded. The version flag applies to all the data delivered using the data entity type.
For data entities using this mechanism, the version flag has no meaning and shall be set to 0.

These data entities carry data that is unique and therefore do not require any change
mechanism:

The body of the data entities shall be at least 4 bits long. The length of the body, excluding the initial 4 bits, shall be

signalled by the header.

When there is space remaining in the data field, a data end marker shall be sent. The data end marker shall be 0x00.
Any remaining space shall be filled with padding. The padding shall take the value 0x00.


https://iecnorm.com/api/?name=02cf53d5efc6a2bc56376f6c1b5878c1

- 63— Copyright © 2001, ETSI; 2002, IEC

6.4.3.1 Multiplex description data entity - type O

Each SDC block should contain a multiplex description entity. This data entity uses the reconfiguration mechanism for
the version flag. The current configuration can always be signalled. During a reconfiguration (i.e. when the FAC
reconfiguration index is non-zero) the next configuration shall be signalled. This data entity describes the multiplex of
streams within the MSC. The information is as follows:

- protection level for part A 2 bits
- protection level for part B 2 bits
- stream description for stream 0 24 bits

and optiopally,dependentupon-the number of streams-in the multiplex:

- stgeam description for stream 1 24 bits

- s:]eam description for stream 2 24 bits

eam description for stream 3 24 bits

The stream description for stream 0 depends on whether the MSC mode field of ate the hietjarchical
frame is present or not.

If the hiefarchical frame is not present then the stream description is/4
- data length for part A 12 bits

- ddta length for part B 12 bit

If the hiefarchical frame is present then the stream db
- prptection level for hierarchical 2 bits
- rfy
- data length for hierarchic?
The strean description, eht, are as follows:
- data length for part
- data length for pact B
The following defititionsa
protectign les art s zld gives the overall coding rate for data in part A (see clause 7.5.1).
protecti]

data length forpart A: this'field gives the net length of data in bytes in part A of the MSC frame used by this|stream.

data length for part B: this field gives the net length of data in bytes in part B of the MSC frame used by thisstream.

protection level for hierarchical: this field gives the overall coding rate for data in the hierarchical frame (see
clause 7.5.1).

rfu: these 10 bits shall be reserved for future use by the stream description field and shall be set to zero until they are
defined.

data length for hierarchical: this field gives the net length of data in bytes in the hierarchical part of the MSC frame
used by this stream.

When equal error protection is allocated to the multiplex frame (i.e. only one protection level is used) then the data
length for the part A fields shall be set to 0 and the protection level for part A fields shall be set to 0.
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part B shall be the lower protected part.

NOTE: The receiver may determine the number of streams present in the multiplex by dividing the length field of
the header by three.
6.4.3.2 Label data entity - type 1

Services may be labelled. The label should be sent in every SDC block to enable fast display, although for data services

the repetition rate can be lowered. This data entity uses the unique mechanism for the version flag. The information is
as follows:

- Shortld 2 bits

- rfy 2 bits

- label n bytes
The folloing definitions apply:

short Id:
rfu: thesq
label: thi

NOTI

6.4.3.3

This datal
mechanig

- Sh

- rfi

- C4
- Cf
The follo
Short Id
rfu: thesq
CA syste|

CA syste|

. The length of the label is given by the length fietdof\the

Conditional access parame

entity allows the conditional access para
m for the version flag.

ort Id

\ system ide

m identifier>this field indicates the CA system used by this service.

m specific information: this is a variable length field containing CA system specific data.

6.4.3.4

Frequency information data entity - type 3

A service may be available on several DRM frequencies. The Frequency information data entity allows these

frequenci

Frequency information can also be provided for other services. These may be DRM services or carried on AM, FM, or

DAB [4].

Frequency information is grouped by geographical area. The areas are common for all services signalled in a DRM
multiplex, whether they are actually carried in the multiplex or not. The geographical areas can be described by using

es to be signalled. This data entity uses the list mechanism for the version flag.

the Region definition data entity.

The frequency information may be essentially static (i.e. the same frequencies are used 24 hours per day) or may vary

according to the time of day. In the latter case the Frequency schedule data entity is also used.
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Service linking is provided by the Linkage data entity. This allows the connection between a service carried in the DRM
multiplex and any alternative sources of the service, whether they be carried on DRM, AM, FM-RDS or DAB.

The information is as follows:

- list type flag 1 bit
- systemid 3 bits
- list type field 4 bits

- total number of frequency groups, m 4 bits

- m frequency groups

Each frequency group is coded as follows:

- grpup Id 4 bits
- nymber of frequencies, n 4 bits
- n frequencies n x (8 or 16) bits

The following definitions apply:

0 ed @

List type| flag: this flag indicates whether the information is static

0: stgtic frequency information

1: scheduled frequency information

System igl: this field indicates which broadcast systems the frequ information applies to as follows:
X

000: IDRM: alternative frequencies for this entire m &
001: DRM: frequencies for a sexyice cafried ina ipleX (and AM simulcasts of that service)
010: ¥M-RDS service (Eurppe

011: FM-RDS servia &

100: IDAB service

101: feserved
110: feserved
111: feserved
List type field: thisfie ends upon the value of the list type flag as follows:

List type [flag £ 0:

when ISxystem id = 000:

rfa 3 bits

enhancement flag 1 bit
when System id = 001

Shortld 2 bits

Announce flag 1 bit

rfa 1 bit
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System id = 010, 011, 100
Shortld 2 bits
rfa 2 bits
flag=1: Freq ListId 4 bits

rfa: these 1, 2 or 3 bits shall be reserved for future additions by the list type field and shall be set to zero until they are

defined.

enhancement flag: this flag indicates whether the frequency information which follows is related to the base layer or
the enhancement layer channel as follows:

0: in
1: in
Short Id

Announg
the annoy

0: in

1: in
Se

Freq list

total nun
frequency
groups m|

group Id|

number
-1 which

frequeng
System id
000
001
010
011
100

formation refers to the base layer channel
formation refers to the enhancement layer channel

this field contains the short Id for the service that the frequency information

follow.
y: the frequenc@

field identifier field field length
DRM/AM frequency 16 bits
DRM/AM frequency 16 bits
FM1 frequency 8 bits
FM2 frequency 8 bits
DAB frequency 8 bits

e flag: this flag indicates whether the frequency information which fol}6 ice or to
ncement service as follows:

formation refers to the tuned service; the Shortld provides the linkto the \C
formation refers to the announcement service; the Shortld/provides the At e
rviceld of the announcement service

Id: this field indicates the identity of thg/fraquen ified.
hber of frequency groups: this field, code mber of

v groups in this list - 1, even if the groups are carried han one data entity. Between 1 and 16 firequency
ay be specified per service or frequency list.

: this field indicates an identi

bf frequencies: this y fields

DRM/AM frequency: this consists of the following fields:

- an

alogue/digital flag 1 bit (0 = DRM, 1 = analogue)

- frequency in kHz 15 bits

NOTE: When System Id = 000, the analogue/digital flag shall be set to 0.

FM1 (87,5 MHz - 107,9 MHz) frequency:

code
0-204:
255

meaning

FM frequencies 87,5 MHz - 107,9 MHz (100 kHz step)

FM available, frequency not signalled
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FM2 (76,0 - 90,0 MHz) frequency:

code meaning
0 - 140: FM frequencies 76,0 MHz - 90,0 MHz (100 kHz step)
255 FM available, frequency not signalled

DAB [4] frequency:

code meaning

0-11: DAB channels 2A - 4D (Band I)

64 - 95: DAB channels 5A - 12D (Band 111)

96 - 101: DAB channels 13A - 13F  (Band III +)
128 - 144: DAB channels (L-Band, European grid)
160 - 182: DAB channels  (L-Band, Canadian gri
255: DAB available, frequency not signalleq

Use of frpquency groups

The covefage area of the DRM multiplex shall be divided into onefor mOre gedgraph as. The areas may overlap at
their edgg¢s or they may be distinct. Transmissions that are recet withinjgach area are signalled as memberp of the
same gropip. 6

6.4.3.5] Frequency schedule data entity -

@s

This entify allows a frequency schedule to be trangmitt tazentigy uses the list mechanism for the versipn flag.

This infofmation is as follows:

- SHortId

- enhancement fla

- day code Q
- start time
- end time
- fr¢gquencyNistNd 4 bits

The following defin

Short Id{ this field indicatesthe short Id for the service concerned.

enhancement flag: this flag indicates whether the frequency list applies to the base layer or the enhancement lpyer
channel as+oHows:

0: information refers to the base layer channel
1: information refers to the enhancement layer channel
day code: this field indicates which days the frequency schedule applies to. The msb indicates Monday, the Isb Sunday.

start time: this field indicates the time from when the frequency is valid. The time is expressed in hours (5 bits) and
minutes (six bits) in UTC.

end time: this field indicates the time until when the frequency is valid. The time is expressed in hours (5 bits) and
minutes (six bits) in UTC.

frequency list Id: this field indicates the frequency list which applies.
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6.4.3.6  Application information data entity - type 5

All data services (or data applications for audio services) are described by this data entity. Many applications may
require additional data to describe them that is specific to that application. This data entity uses the reconfiguration
mechanism for the version flag. The content will be described by the appropriate application specification. The general
form of the entity is as follows:

- Short Id 2 bits

- Stream Id 2 bits

- Packet mode indicator 1 bit

- descriptor 7 or 15 bits
- application data n bytes

The following definitions apply:

Short Id{ this field indicates the short Id for the service concerned.

concernefl.
Packet njode indicator: this field indicates whether the service is ca
0: synchronous stream mode
1: padket mode
descriptqr: the format of this field depends upon the hdicator field as follows:
when Pa¢ket mode indicator = 0:
- rfz
rfa: thesq be set to zero until they are defined.
when Pag
- da
- pa
- ap
- pa
data unit indicator:tlis field indicates whether the data stream is composed of single packets or data units as [follows:

0: single packets

1: dath ‘unifs

packet Id: this field indicates the Packet Id carried in the header of packets intended for this service.
application domain: this field indicates the source of the data application specification as follows:
0: DRM specified application
1: DAB specified application
2-15: reserved

packet length: this field indicates the length in bytes of the data field of each packet specified as an unsigned binary
number (the total packet length is three bytes longer as it includes the header and CRC fields).

NOTE: All packets contained in one data stream shall have the same length (see clause 6.6.4).
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application data: this field of variable length is defined by the data service (or data application) specification.
When the application domain carries the value 1, the application data field shall be made up as follows:

- rfu 5 bits

- user application identifier 11 bits

- data fields as required by DAB application specification

rfu: these 5 bits shall be reserved for future use by the application data field and shall be set to zero until they are
defined.

user application identifier: the value specified in TS 101 756 [10].

6.4.3.7) Announcement support and switching entity - type 6

This featyire indicates which types of announcements are supported by the tuned multj

atherwultiplex. This
data entitly uses the unique mechanism for the version flag. The following informati :

- SHortId 2 bits
- rfy 1 bit
- same/other multiplex 1 bit

- Apnouncement support flags

- Apnouncement switching flags

- if['same/other multiplex" = other: Service 1d
The following definitions apply:
Short Id] this field contains the shart Id
rfu: this it shall be reserved fp

Same/other multiplex g
received pr by a service M4

0: mul

Ping

1: OtH

Announg
either dir

ervice,

B1 (l T

0: Anhouncement type not provided.

1: AnfTOUTCEIIEMt type provided.
The meaning of each bit shall be as follows:

by: Travel

b;: News flash

b,: Weather flash
b;: Warning/Alarm

by, - by: reserved for future definition
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Announcement switching flags: this 8-bit field specifies the announcement types that apply to the announcement. The
individual bits indicate whether or not a particular announcement type is signalled. The flags are coded as follows:
B;(i=0,..7)
0: Announcement type not valid
1: Announcement type valid
The meaning of each bit shall be as defined for the Announcement support flags above.

Service Id: if the announcements are provided by another multiplex, this 24-bit field signals the Service Identifier.

6.4.3.8[ Reqgion definition data entity - type 7

A frequency group can be given a geographical area. This data entity uses the list mechanigrn for thexyersion flag. The
area is dgfined in terms of multiples of 1 x 1 degree "squares". It therefore gives a resolufion o

111 km ¥ 111 km (at equator) or 31 km x 111 km at 70° latitude (e.g. Scandinavia, Cdnada). The ing provifled
allows for the signalling of squares of up to about 4 000 km x 4 000 km for < 73° lat1t he/ares inaddition be
defined i terms of CIRAF zones. Up to seven zones may be specified per gro

- grpup Id 4 bits

- number of zones, n 3 bits

- latitude 8 bits

- lopgitude 9 bits

- lafitude extent 5 bits

- lopgitude extent 7 bits

- n CIRAF zones

The following definitions apply

Group I{: this field ins an
number pf zones: this field, e

in the ranfge 0 to 7

o follow

Latitude} this field specitie
Longitude: thj
Latitude|extent:thi

Longitude extent:\this

CIRATF Zone; this field, coded as an 8 bit unsigned binary number in the range 1 to 85, gives one CIRAF zone
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6.4.3.9 Time and date information data entity - type 8

The current time and date can be specified to allow a receiver to follow frequency schedules, etc. This data entity uses
the unique mechanism for the version flag. The data entity is coded as follows:

- Modified Julian Date 17 bits
- UTC (hours and minutes) 11 bits
The following definitions apply:
Modified Julian Date: this field indicates the date in MJD format.

UTC: this field specifies the current time expressed in hours (5 bits) and minutes (6 bits).

When thq time and date are signalled, this data entity shall be sent in the first SDC block afte uinute's edg

W

6.4.3.10 Audio information data entity - type 9

Each audjo service needs a detailed description of the parameters needed for audio~decy
reconfigyration mechanism for the version flag.

ptity uses the

- SHortId 2 bits
- StreamId 2 bits
- audio coding 2 bits
- SBR flag 1 bit

- audio mode 2 bits
- audio sampling rate 3 bits

- text flag

- enhancement flag

- coder field Q
- rff

The following definition

short Id:this field tndicates

audio cofling: thisfieldindicated the source coding system as follows:

00: ANC

01: CEER
10: HVXC
11: reserved
SBR flag: this field indicates whether SBR is used or not as follows:
0: SBR not used

1: SBR used
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audio mode: this field depends upon the value of the audio coding field as follows:
audio coding field = 00:

00: mono

01: Ic stereo

10: stereo

11: reserved

audio coding field = 01:

-rfa T Bit
- CELJP_CRC 1 bit

audio coding field = 10:

- HVXC rate 1 bit
-HVXC CRC 1 bit
CELP_(RC: this field indicates whether the CRC is used or not:
0: CRIC not used
1: CRIC used
HVXC_gate: this field indicates the rate of the HWXC:
0: 2 kpit
1: 4 kbit Q

HVXC_CRC: this field indicag

0: CR(C not used
1: CRC used Q
audio sampling rate: thi dio sampling frequency as follows:

000: § kHz
001: 12
010: 16 kHz
011: 24 kHz

100: rleserved

101: reserved
110: reserved
111: reserved
text flag: this field indicates whether a text message is present or not as follows:
0: no text message is carried

1: text message is carried (see clause 6.5)
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enhancement flag: this field indicates whether audio enhancement data is available in another channel as follows:

0: no enhancement available

1: enh

ancement is available

coder field: this field depends upon the value of the audio coding field as follows:

audio coding field = 00 or 10:

-rfa

5 bits

audio coding field = 01:

- CEqj

CELP_index: this field indicates the CELP bit rate index, as defined in tables 10 and 11 (se

rfa: thesg

6.4.3.11 FAC channel parameters data entity - type 10

This datalentity permits the next configuration FAC channel parameters tg'be Spetifictiimadvance for service f
across re¢onfigurations. This data entity uses the reconfiguration mechani or the\versionflag The fields arg
follows:

- Bgse/Enhancement flag 1 bit

- Robustness mode 2 bits

- Spectrum occupancy 4 bits

- Inferleaver depth flag 1 bit

- MSC mode

- SIpC mode

- nuymber of servi

- rfz

- rfy
The following defihjtions
Base/Enhancement I i
follows:

0: Bage layer.-\decodableby all DRM receivers

1: Enhaneement layer - only decodable by receivers with enhancement layer capabilities

Pindex 5 bits

1-bit and 5-bit fields shall be reserved for future additions and shall be set tp'ze i theyaradefin

ed.

ollowing
as

€r as

Robustness mode: this field indicates the robustness mode of the new configuration as follows:

00: A
01: B
10: C

11: D

Spectrum occupancy: specifies the configuration of the digital signal (see clause 8).
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Interleaver depth flag: indicates the depth of the time interleaving as follows:
0: 2 s (long interleaving)
1: 400 ms (short interleaving)

MSC mode: indicates the modulation mode in use for the MSC as follows:
00: 64-QAM, no hierarchical
01: 64-QAM, hierarchical on I
10: 64-QAM, hierarchical on 1&Q

11: 1¢=QZAM, 0o hierarchical
SDC modle: indicates the modulation mode in use for the SDC as follows:
0: 16{QAM
1: 4-QAM
Number jof services: indicates the number of audio and data services as follaws>
0000:|4 audio services
0001:|1 data service
0010:]2 data services
0011:|3 data services
0100:|1 audio service

0101:|1 audio service and 1 data

0110:|1 audio service and

0111:|1 audio service
1000:|2 audio serviQ

1001:|2 audio service

1010:|2 audio sg
1011:|rese
1100:|3 audio’se

1101:|3 audio'servicesand’l data service

1110:|reserved

1111: 4 data services
rfa: these 3 bits shall be reserved for future additions and shall be set to zero until they are defined.
rfu: these 2 bits shall be reserved for future use and shall be set to zero until they are defined.

If the DRM transmission is being discontinued at the reconfiguration, then this data entity shall be sent with the length
field of the header set to 0, and the first four bits of the body field set to 0.
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6.4.3.12 Linkage data entity - type 11

The linkage data entity allows the connections between alternative sources of the same service to be signalled. This data
entity uses the list mechanism for the version flag. The information is as follows:

- Short Id 2 bits

- number DRM Service Ids, d 3 bits

- number RDS PI codes, p 3 bits

- programme/data flag 1 bit

- number of DAB SIds. s 3 bits

- d Pervice Ids d x 24 bits

- pPlcodes p * 16 bits

- s $Id codes s % 16 bits or 32 bits

The following definitions apply:
Short Id{ this field indicates the short Id for the service concerned.

number pf DRM Service Ids: this field indicates the number of Sgtvice Ids tq fotlq ke range 0 to 7.

number 5 win the range 0 to 7.

number Nbé ‘ S Wwn the range 0 to 7.

Service Ids: this field indicates the list of Service Ids i M service indicated by the Short Id field is also
carried.

PI code: [this field indicates the li i ichthe'] ervice indicated by the Short Id field is alsp carried.
Note that|FM services without G 3 s set
to 0.

programme/data flag; iely follows:
0: pro
1: dat

SId code hlso

carried.

6.4.3.1

The langgiage anid country ddta entity allows addition language and country information to be signalled. This data entity
uses the ynigue-mechanism for the version flag. The information is as follows:

- ShortId 2 bits
- rfu 2 bits
- language code 24 bits
- country code 16 bits

The following definitions apply:
Short Id: this field indicates the short Id for the service concerned.

rfu: these 2 bits shall be reserved for future use and shall be set to zero until they are defined.
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Language code: this 24-bit field identifies the language of the target audience of the service according to ISO 639-2 [7]
using three characters as specified by ISO 8859-1 [9]. If the language is not specified, the field shall contain three "-"
characters.

Country code: this 16-bit field identifies the country of origin of the service (the site of the studio) according to
ISO 3166 [8] using two lower case characters as specified by ISO 8859-1 [9]. If the country code is not specified, the
field shall contain two "-" characters.

6.4.3.14 Other data entities

Other data entities are reserved for future definition.

6.4.4 Summary of data entity characteristics

Table 62 summarizes the version mechanism, repetition rate and transmission status of ea ~Lhe standard
repetition] rate is that all information for that data entity type should be transmitted withii one ofcle of the entire
database.|Individual SDC blocks may carry changed information (e.g. time and date identity field.

Table 62: Summary of data entity characgeri

Data Version flag Repetition rate & ra issioﬁstatus
bntity mechanism

0 [reconfiguration every SDC block mandatory'<. \

1 unique every SDC block ([ /foptional \a’)

2 reconfiguration as required zua atory for edch service for which the

(\\) A A\%iyation flag = 1

3 list standatd T C optienal NV

4 st standard\_ N\ Joptional/

5 reconfiguration as requir mandatory for each data service and

\data application

6 unique as required { \Sptional

7 list / standard \ N\ _|optional

8  |unique dnce petminute ™~ N\ |optional

9  |reconfiguratidm, everySDC¥losk ~ / mandatory for each audio service

10 reconfiguratign every SBC block when FAC |mandatory when FAC reconfiguration

<> d}\/zﬁg%%g\mdex is non- |index is non-zero
zer
11 list / standaxd > optional
12 |unique A\ standaxd” optional

Table 62
(see claug

6.4.5

The cont¢nt ofthe SDC is important for the operation of alternative frequency checking and switching (AFS). For AFS

to functign,4he feceiver must know what the content of the SDC is in advance so that a correlation may be performed.
For this urpose the AES index is pray ided in the SDC and the FAC validates the index by use of the Identity field.

On transmissions with no alternative frequencies, the content of the SDC can be fully dynamic and changed at will: no
AFS function is required. In this case it is recommended that the AFS index should be set to 0, and the Identity field in
the FAC should then indicate the sequence 11, 01, 10 etc. to indicate that the AFS function cannot be performed.

On transmissions with alternative frequencies, the assignment of data entities to SDC blocks should be carefully
designed in order that the content of the SDC can be as static as possible thereby permitting use of the AFS function. In
this case it is recommended that the AFS index is chosen such that all required information can be sent in one cycle of
SDC blocks. If the content is completely static then the Identity field in the FAC will indicate the sequence 00, 01, 10,
etc. which indicates that the AFS function can be performed at every position, provided the receiver has stored the data
for all the SDC blocks in the cycle.
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When the time or announcement support and switching is included in the SDC, and alternative frequencies are
signalled, then a semi-dynamic use of the SDC is recommended. In this case one or more SDC blocks in the cycle
defined by the AFS index are signalled to be invalid by use of the FAC Identity field thereby allowing the content of
those blocks to be changed continuously, whilst other SDC blocks are always signalled as valid by use of the FAC
Identity field thereby allowing the AFS function to be performed. An example of changing the SDC content and of
using the semi-dynamic scheme with the AFS index = 1 is given in annex G.

A change of the AFS index is only allowed at reconfiguration.

6.4.6  Signalling of reconfigurations

Reconfiguration of the DRM multiplex shall be signalled in advance in order to permit receivers to make the best

decisionb abuut 11U AA4 t\} Laudlu th\z bhausuo. Tll\alb tVVU t_le\/D Ufl\a\aullﬁsul ut;uu. a SUI V;L/L/ 1uvuuﬁ5u1atiuu, VV}I;\:}‘I
concerns [the reallocation of the data capacity between the services of the MSC; and a channelreconfiguration,jwhich
concerns [changes to the overall capacity of the MSC.

Both typg index
then cour] r all
three tran he
current ¢ r the
next trang »
signalled ovide
the greatg

All data g

configurati ired in
the new d X is non-zero with the vers{on flag
indicating s the FAC channel parameters for the

new conf]

6.4.6.1
A servicg i 1 SC is reallocated between services. This hdppens
when the R i | re-Size of data streams is changed. A service

reconfigyration shall alsg'be sig 1 the Cantentyof the data entity types using the reconfiguration m¢chanism
of the vegsion flag cha @

When a 1} 5 pac1ty of the MSC is not changed then the receiver shall fpllow the
currently

continuin

configurdtion. i i e is if there are four services in the current configuration and four s¢rvices in
the new donfig v to the
new service

If the cur] servicg is discontinued at the reconfiguration, then the receiver may try to find another|source

of that sefvice on‘another frequency and/or system by using the information from data entity types 3 and 11.

6.4.6.2 Channel reconfigurations

A channel reconfiguration is one in which the following FAC channel parameters are altered: spectrum occupancy,
interleaver depth and MSC mode; and when the robustness mode is changed. In this case the receiver will be unable to
follow the currently selected service without disruption to the audio output.

If the transmission is discontinued on the tuned frequency, then a reconfiguration shall be signalled with data entity type
10 taking a special value (see clause 6.4.3.11). In this specific case, the other data entity types that use the
reconfiguration mechanism for the version flag shall not be signalled.
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6.5 Text message application

Text messages can provide a highly valuable additional element to an audio service without consuming much data
capacity. The text message is a basic part of DRM and consumes only 80 bits/s. This capacity can be saved if the
service provider does not use text messaging.

6.5.1 Structure

The text message (when present) shall occupy the last four bytes of the lower protected part of each logical frame
carrying an audio stream. The message is divided into a number of segments and UTF-8 character coding is used. The
beginning of each segment of the message is indicated by setting all four bytes to the value OxFF.

When noltext message is available for insertion all four bytes shall be set to 0x00.

The text fnessage may comprise up to 8 segments. Each segment consists of a header, a bodj \ pody
shall confain 16 bytes of character data unless it is the last segment in which case it may<contaiyfte 3 ytes.

Each segment is further divided into four-byte pieces which are placed into each succe NI the of the
last segmgent is not a multiple of four then the incomplete frame shall be padded

The structure of the segment is as follows:

Headgr 16 bits
Body n x 8 bits
CRC 16 bits

The Header is made up as follows:

- toggle bit 1 bit

- finst flag

- last flag

- cogmmand flag Q
- figld 1

- figld 2
- rff

The following definitionSNapply:

Toggle bjt: this bitshall'be maintdined in the same state as long as segments from the same message are being
transmitt¢d. When(a segment from a different text message is sent for the first time, this bit shall be inverted with

respect tq its prévious state. If a text message, which may consist of several segments, is repeated, then this bitshall
remain ulrchanged.

First flag, Last flag: these flags shall be used to identify particular segments which form a succession of segments in a
text message. The flags shall be assigned as follows:

First Last The segment is:
flag flag
0 0 : an intermediate segment;
0 1 : the last segment;
1 0 : the first segment;
1 1 : the one and only segment.
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Command flag: this 1-bit flag shall signal whether Field 1 contains the length of the body of the segment or a special
command, as follows:

0: Field 1 signals the length of the body of the segment
1: Field 1 contains a special command
Field 1:

- Length: this 4-bit field, expressed as an unsigned binary number, shall specify the number of bytes in the body
minus 1. It shall normally take the value 15 except in the last segment.

- Command: this 4-bit field shall contain a special command, as follows (all other codes are reserved for future
use):

0001: the message shall be removed from the display.
Field 2:

- ifFirst flag="1":
this field shall contain the value "1111";
- ifFirst flag ="0":

Rfa: this 1-bit field is reserved for future additions. The bit shall be tntil it is defined.

SegNum|(Segment number): this 3-bit field, expressed as an ynsighedbiharfnamber, shall specify the sequenge
number 9f the current segment minus 1. (The secofdhsegmenNof gMabel co %» ds/to SegNum = 1, the third $egment
to SegNum = 2, etc.) The value 0 is reserved for fy

Rfa: this|4-bit field shall be reserved for future additions. The hall be set to zero until they are defined.

Body: this field shall be coded as a stri amur | ), AT the last character of a message segmgnt is a
multibytg character and not all byt€s fit\ De charagter shall continue in the next message seginent.
This field shall be omitted wheg 4

The following additional codes ma
- Code 0x0A ma@ arte

- Cqde 0x0B may b€ inse Q- end of a headline. Headlines shall be restricted to a maximurp length
of|2x16 displayable chara i ing’hyphens introduced as a result of a control code 0x1F) and may
contain 0 o efexred\lineMreaks codes (Code 0x0A). There may not be more than sixteen characters pefore
anly line-bre? 3 more than sixteen characters after any line-break.

- Code 0x o) mayt inserted to indicate a preferred word break. This code may be used to display lpng
words comprehensi

CRC (Cyclic Redunidancy €heck): this 16-bit CRC shall be calculated on the header and the body. It shall use [the
generatot| polynomial G 4(x) = x/6 + x/2 + x3 + 1.

6.6 Packet mode

Data services generally consist of either streams of information, in either synchronous or asynchronous form, or files of
information. A generalized packet delivery system allows the delivery of asynchronous streams and files for various
services in the same data stream and allows the bit rate of the (synchronous) data stream to be shared on a
frame-by-frame basis between the various services. Services can be carried by a series of single packets or as a series of
data units. A data unit is a series of packets that are considered as one entity with regard to error handling - one received
errored packet within a data unit causes the whole data unit to be rejected. This mechanism can be used to transfer files
and also to allow simpler synchronization of asynchronous streams.

The size of a packet mode data logical frame shall be a multiple of the total packet size. The maximum length of a data
unit is 8 215 bytes.
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6.6.1 Packet structure
The packet is made up as follows:
header 8 bits
data field n bytes
CRC 16 bits

The header contains information to describe the packet.

The data field contains the data intended for a particular service. The length of the data field is indicated by use of data

entlty 5, ee clanse 643 6

The CR( (Cyclic Redundancy Check): this 16-bit CRC shall be calculated on the header and
the generptor polynomial G 4 (x) = x/® +x/2 + x5 + [ (see annex D).

6.6.1.1 Header

The headpr consists of the following fields:
first flag 1 bit
last flpg 1 bit
packet Id 2 bits

padddd packet indicator (PPI) 1 bit
contiruity index (CI) 3 bits

The following definitions apply:

First flag, Last flag: these flags shall be
flags shall be assigned as follows»

3 first packet of a data unit;
: the one and only packet of a data unit.

Packet Idl: thi€ 2shit\ Tindicate the Packet Id of this packet.

Padded Packet Inndicater: this tbit flag shall indicate whether the data field carries padding or not, as follows:

0:] no padding is present: all data bytes in the data field are useful;

1:| padding is present: the first byte gives the number of useful data bytes in the data field.

data field. It

af packets which form a succession of packet

Continuity index: this 3-bit field shall increment by one modulo-8 for each packet with this packet Id.

hall use

. The
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Data field

The data field contains the useful data intended for a particular service.

If the padded packet indicator (PPI) field of the header is 0, then all bytes of the data field are useful bytes.

If the PPI is 1 then the first byte shall indicate the number of useful bytes that follow, and the data field is completed
with padding bytes of value 0x00.

Packets with no useful data are permitted if no packet data is available to fill the logical frame. The PPI shall be set to 1

and the first byte of the data field shall be set to 0 to indicate no useful data. The first and last flags shall be set to 1. The
continuity index shall be incremented for these empty packets. If less than 4 sub-streams are used within the data stream
then an unused packet id shall be used. Empty packets using a packet id of <p> shall not be inserted during the

transmiss

6.6.2

Asynchrd
used to t1]

Applicati
and last f]

Applicati
then mak

6.6.3

The file 1
Applicati
The first

used to di

6.6.4

A data st
or more §
of errors.

- TH

rafi

- Tk
trg
ob

- e DAL 1 L . +] L TR |
[UIT'UT da JINIVIT Udld UL USTIE UIT SAITIC PDAURUT TU = pP—.

Asynchronous streams

pansport asynchronous streams.

pns that use the single packet transport mechanism shall be able t
ags shall indicate intermediate packets.

pnis that use the data unit transport mechanism can carry a
e use of the error handling of data units for synchronizatipn pirposes:.

Files

hay be carried in a data unit.

nsit delay-requi
jectst

in be

e first

unit and

index is

to one
agation
Count:

ower the

I the

eqents for asynchronous streams. Large packets are less efficient at transporting many small
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7

7.1

Channel coding and modulation

Introduction

The DRM system consists of three different channels, the MSC, SDC and FAC. Because of the different needs of these
channels different coding and mapping schemes shall be applied. An overview of the encoding process is shown in

figure 16.

The coding is based on a multilevel coding scheme for which the principle is explained in clause 7.3. Due to different
error protection needs within one serv1ce or for different services w1th1n one multiplex different mapplng schemes and

combinatj
available
the data i
with two

code rates to allow the data in the Main Service Channel to be a551gned to the
lower prdtected part. When using hierarchical modulation three mapping strategies sh;

standard mapping (SM), the symmetrical hierarchical mapping (HMsym) and a mixtire

(HMmix
following
protected
two diffef
applicati

Transport
multiplex

7.2

7.2.1

The diffe
processin

7.2.1.1

The numl

»  adaptation and
energy dispersal
(see clause 7.2)

V@

app

(seeXlause 7:

Cell Interleaving
(for MSC only,
see clause 7.6)

4 ppings

nary part
hgly

up to
ved. The

per of bits LMUX per multiplex frame is dependent on the robustness mode, spectrum occupancy and

v

h L for

I~
L.

constella

0on:

- when using one protection level (EEP) it is given by:

Lyux =Ly

- when using two protection levels (UEP) it is given by:

Lyuyxy =L +1,

where the number of bits of the higher protected part is L; and the number of bits of the lower protected part is L.

- when using HMsym or HMmix the number of very strongly protected bits is given by Ly¢pp.
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L;, L, and Lygpp shall be calculated as follows:

SM:

Fpax 71

L= Y 2NR,
p=0

2N, —12‘
RY,

P ax is th

RXp is the numerator of the code rate of each individual level, see table 65.
RYp is the denominator of the code rate of each individual level, see table 65.

Rp is the tode rate of each individual level, see table 65.

HMsym:

Pax =31

NOTE:

RXp is th|
RYp is th|

Rp is the

Zyspp — 0

e number of levels (4-QAM: P .. =1; 16-QAM: P, . =2;64-QAM: P_ . =3).

code rate(of\cash indjvidual level, see table 65.
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HMmix:
2
Ly = NyR{™ + Z N (RR® + RIM)
p=l
Ny-12] % N, -12 N, -12
Ly = RX"| 2= |+ > RX | =2 = |+ RX | =2 =
RY, RY RY
[7=1 p p
_ R Nl + N2 - 1 2
Lyspp = RX,© T oyRe
P .x =3 s the number of levels for 64-QAM using HMmix
RX Ee , RX ;,m are the numerators of the code rates of each individual level (see table/6 hary
componeht respectively.
RY;{e ,R Y;m are the denominators of the code rate of each individual leve inary
componeht respectively.
R}}e,RII,rI are the code rates of each individual level (see table 65) for the agind ctively
and |_ J theans round towards minus infinity.
The total
The total S N,.
The total als the
addition
N] iS the
N2 iS the
To calcul] Enumber § FoRAOFDM c¥lls in the higher protected part (part A) the following formulae shall apply:
SM:
AL 8X IAAY
1V1 - Pmax—l l\llcm
p=0
HMsym:
8X
Nl = Rchm

2
2Rchm ZRp
p=l1
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2
I Z R [
RYem| Ro™ + (Rpe +Rpm)

p=l

1 be the number of bytes in part A (as signalled in the SDC);

R chm

HMmix.

[ —| means round towards plus infinity.

To calcul

The follo

7.21.2

The numl
The total

The form|
4-QAM:

7.21.3

The numl
The total

The form|
4-QAM:

ulas given in ¢

P ax = 1), 1.e. Lpy

ulas givenin clause

wing restrictions shall be taken into account:

shall be taken from tables 67 and 68 for SM; from tables 69 and 70 for HMsym; and

Ny =Nyux =M

m tables(68y 70 and

ate the number N, of OFDM cells in the lower protected part (part B) QY all apply:

M (only

lation.

.2.1.1 for the MSC are valid also for the SDC under the constraint of EEP and SM (only
Pmax —, 1, 16-QAM Pmax = 2), i.e. LSDC + L2 and NSDC = N2

Table 63: Number of QAM cells Ng for SDC

Robustness Spectrum Occupancy
mode 0 1 2 3 4 5
A 167 190 359 405 754 846
B 130 150 282 322 588 662
C - - - 288 - 607
D - - - 152 - 332
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7.2.2 Energy dispersal

The purpose of the energy dispersal is to avoid the transmission of signal patterns which might result in an unwanted
regularity in the transmitted signal. The output of the dispersal shall be denoted as u;.

Energy dispersal shall be applied on the different channels (MSC, SDC, FAC) in order to reduce the possibility that
systematic patterns result in unwanted regularity in either the transmitted signal or in any digital processing, this by
providing a deterministic selective complementing of bits.

The individual inputs of the energy dispersal scramblers shown in figure 17 shall be scrambled by a modulo-2 addition
with a pseudo-random binary sequence (PRBS), prior to channel encoding.

The PRBS shall be defined as the output of the feedback shift register of figure 17. It shall use a polynomial of degree 9,

defined by:
Px)=x2+x7 +1
Initialization word /\ x

The initig
shift regi

t of the PRBS is obtained when the outputf of all
S are given in table 64.

bit indeg
bit valuy|

(o]
(@] [{]
N
o
N
N
N
N
-
w
N
S
N
(6}

The FAC] 11 ' ke\precessed by the energy dispersal scramblers as follows:
- T rocessing equals one FAC block for the FAC, one SDC block for the SDC and one
mpltiple igrarchical frame for the MSC.
- E4 ists of 72 bits, the block lengths for the SDC and MSC are dependent on the robustness

meode, spectrum occupancy and constellation, see clause 7.2.1.

- Theour blocks shall be processed independently. The input vector shall be scrambled with the PRBS, the first
bit of the vector being added modulo 2 to the PRBS bit of index 0.

The scramblers of the different channels are reset as follows:
- FAC: every FAC block;
- SDC: every SDC block;

- MSC: every multiplex frame for the standard protected part, every hierarchical frame for the very strongly
protected part.
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Coding

Clause 7.3.1 explains the structure of multilevel coding for the different mappings, clause 7.3.2 defines the component
code of the multilevel coding scheme and clause 7.3.3 the corresponding bit-wise interleaving.

7.3.1

Multilevel coding

The channel encoding process is based on a multilevel coding scheme. The principle of multilevel coding is the joint

optimization of coding and modulation to reach the best transmission performance. This denotes that more error prone
bit positions in the QAM mapping get a higher protection. The different levels of protection are reached with different
component codes which are realized with punctured convolutional codes, derived from the same mother code.

The deco
performa
the decod

Dependir]
shall be d
applicabl
hierarchi
the signa
the real a

Ug, Uy,.

constellation. For the mixed mapping hierarchical modulation (4
hd imaginary components of the signal constellation.

3-level coding for SM & HMsym <\
X2,00 X2,15-- @} 2,00 ¥2,15+

ding 1n the receiver can be done either straightforwardly or through an iterative process. Consequently the
hce of the decoder with errored data can be increased with the number of iterations and hence is depeiident on
er implementation.

theme

nents of
hised for

Zy, Z1,..
|-

> Encodeg'}\\;y< Inter >
( > Mapping
Partitioning of | x;q XA m\l"' Y100 Yl.Ioe- 64-QAM
. . | d » /lInterl /; > SM or
information ncoder \)\ HMsym
X0)8: X0,15-- %Vo,lw Yo,00 Yo,15--
¥ Ene >
u

N er
oding with 3 levels for SM and HMsym

A
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Partitioning of
information

X2,0|m‘ X211Im, V2,0|m’ V211Im‘ y2,0lm‘ y211lm,
ncoder C,'™ Inter.,'
X, o7, Re / / «/ Vz,oRe’ V2,1Re’ yz,oRe' y2,1Re'
o e Interl.,Re
X, o™, X, | Yio™ Ye4'™
X, oR8 X, 4Re, Yo" Ve 4"
Encoder C,Re
| |
X olm, X 1|m, Voo Vo 1I A yo'om’ Yo i
Encoder C,'™ \:27
e Re
XO,oRe' XOJRe’ Voo Yo e //@' 0’

Encoder C ¢

Figure 19: Multilevel coding with 3 levels for HMmix

Mapping
64-QAM
HMmix

0’

12 -

231 ‘2002 ‘IN¥A ‘L00Z ® WBLAdoD
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Figure 20: Multilevel coding with 2 levels (SM)

Mapping
16-QAM

2y, 4y

1-level coding

Ug, Uy,..

Partitioning
of
information

Xo,0 Xo,15--

7.3.1.1

The bitstj
protected|
encoders
(x0,0,%0,1

XM~

for the 3-

(XO,O: XO’ “ee

xO,MoJ X 5

for the 2

(x0,0» X0,

evel coding

&>

Encoder ¢,

Voo Vo1

4

Interz(\

>+ X0,M  =1>X0,M , X0,M | +1:-~x0,M0’1+M0’2—1) = (“Osula-"”Ll +L, —1)

ing
4-QAM

2y, 2.

higher
bd to the

for the 1-

TVC Coding:

When using only one protection level (EEP) the elements with negative indexes shall not be taken into account.

The number of bits on each level p shall be calculated for the higher protected part and lower protected part by:

Mp,l = 2N1Rp

RY,

2N, -12
M,, :R_XP{NZ—‘ where pD{

{0,1,2} for SM
{1,2} for HMsym
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For the case of HMsym, M, , calculates as follows:

2N, +Ny)-12

My, =RX0{ R, J:LVSPP
0

The total number of bits on each level p results in:
M,=M,+M,,
NOTE: For HMsym Mg, =0.

From these formulas it can be derived that the input bitstreams ( Xo ;) to the encoders Cy have different lengths according

to their cpde rate so that all the encoder output bitstreams (Vp ;) have the same length.

The overall code rate for each protection part for the SM and HMsym is approximately:

SM:

when usipg P, . levels.

HMsym:

when usipg P, = 3 levels.

7.3.1.2

Re
i

onp=0,..P

The bitsti
higher pr

ng}) according the number of levels. The bit$ of the

-1, than the bits of the lower protected part shall be fed

max
to the end

Re Im _Im Im

Im _Im Im Re x x x x
o e N R VELE

Im _In Re
()C0,0,)CO’ geen _ ,xl,o,xl,l geeey X Im_ ’x2,0’x2,1""’
) 1’M1,1 1

—

Re _Re Im
X X veen X X ey X
0.0>70,8p> "0 ks 1”0l > T 0, M T+ 0, MM -1
Re Re Re Im Im Im
X p e X X X ey X
LM MR+ LM M S - T LM T LM T T T LM M -1
Re Re Re Im Im Im

X X ceey X X X e X :(u Uy,...u _)
MBS M MR MRS 2 I 2,M§{’;+M§‘}f—1) 0>F1oe - Blyspp+ly+L, -1

for the 3-level coding with HMmix.

When using only one protection level (EEP) the elements with negative indexes shall not taken into account.
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The number of bits on each level p shall be calculated for the higher protected and lower protected parts for the real and
imaginary component by:

Re _ Im _ Im
Moy =0, My; =NiR

Re _ pyRe| Nyt Ny —12| Im _ poIm| No —12
M5 =RXy"| ———=—|=Lyssp, M3 =RXq" =
RY] RY]

MRei —NlRR and M 1 —Nl ™ for pO{1,3

’1| AL

| .
R 1V2 1 1V2 I

MpS = RX T e J and M % —RXpm{ i J for pO{1,%
P p

The totaljnumber of bits on each level p in the real and imaginary component results ip

Re _ Re Re Im _ Im I
My =MpS+MyS and M =M} +M )%

From thep
0{0,1.3

Im
C), respp

have the same length.

The overall code rate for the HMmix schemes of ach

when usipg P, = 3 levels.

7.3.2

The comj lutional coding with a mother code of rate 1/4 and constrdint
length 7. serferates from the vector (x i )Z(‘)’ e (a )11 é a codeword

{(bo,. 11, A1l be defined by

bo; =a;Ua;p Ua;3Ua;s Ua;g;
by =a;0a;Uaip Ua;30a;;
by =a;UaiyUaj4Da;g;

by;=a;0a;p Ua; 53 0a;s Ua;;

fori=0,1,2,..,1+5.

When i does not belong to the set {0, 1, 2,...,1-1}, a; shall be equal to zero by definition.
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The encoding can be achieved using the convolutional encoder presented in figure 22.

i .| IBit 1 Bit 1 Bit 1 Bit 1 Bit 1 Bit

delay delay delay delay delay delay
[
) 4 Boj
> Ay
i J
N7 > »D »D >

) 4

) 4

SPA
y
94'—|

\ A=

Y

U

P3.i

Figure 22: Convolutional encoder

The octal

The vect

(a1=a1+1

tor

In additid



https://iecnorm.com/api/?name=02cf53d5efc6a2bc56376f6c1b5878c1

—93— Copyright © 2001, ETSI; 2002, IEC

Table 65: Puncturing patterns

Code rates Rp Numerator RXp Denominator RYp Puncturing pattern Transmitted sequence
1/4 1 4 Bo: 1 b0,0 b1,0 b2‘0 b3,0
1
1
3/10 3 bo,0 b1,0 02,0 P3,0 bo,1 01,1 b2,1
b0,2 b1,2 b2‘2
1/3 1
4/11 4
1/2 1
4l7 4 bg,0 P1,0b0,1 b2,1bg2b12P03 ...
3/5 3 bg,0 P1,0 Po,1 bo,2 1,2---
2/3 2 bo‘o b1‘0 b0’1
8/11 AN ™ Bp:11111111 bo,0 P1,0 Lo 1 b2 bg 3 01 3[bg 4
Q B:10010010 b0,5 b0,6 b1‘6 b0,7

B,:00000000

B5:00000000

B.-000

4

B3:000
4/5 4 5 Bp: 1111 bo‘o b1‘0 b0’1 b0,2 b0’3 b0’4

B:1000

B,:0000

B3:0000
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Code rates Rp Numerator RXp Denominator RYp Puncturing pattern Transmitted sequence

718 7 8 By 1111111 b0.0 b1.0 b0 1 P02 Po.3 D04 Do 5
B1:1000000 bo.6--

B,:0000000
B3:0000000
8/9 8 9 By 11111111 b0.0 b1.0 o 1 P02 Do.3 D04 Do 5
B:10000000 bo. b0 7--

B,:00000000
B3:00000000

The last 24 bits of the serial mother codeword shall be punctured differently for the SDC and MSC coding. Th¢ index r,

shall be ysed with table 66 to find the puncturing vector for the tailbits for each level. This i : ated
with the following formula:

SM and HMsym:

2N, -12

RY,

‘for 10

r, = (2N, —12)—RY{

HMmix:
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Table 66: Puncturing patterns of the tailbits

Puncturing pattern Transmitted sequence

Bp: 111111 bo,0 01,0 00,1 b1,1Pg 201 2bg3b1 3P0 401 4bg5b15-..
B1: 111111

B»,,000000
B3:000000

Bp:111111 bo,0 01,0 02,0 bp,1 P14 092 b1 2bg 304 3004b14bg5bD5-..
B1: 111111

B,:100000
B3:000000

B - b b h b b h b h h b h b b h

(0 L R U0 PT,0 P20 °0, T °T,T 20,2 °T,2 20,3 °T,3 ©Z,3 0,4 °T,4 °U,5 °T,5
By:111111
B,:100100

B3:000000

Bp: 111111 P,0 b1,0 02,0 bo,1 01,1 P2 1bg 2 b4 5
Byr111111 by g .-
By 110100
B3:000000

BO: 111111 b0,0 b1,0 b2‘0 b0,1 b1‘1
By: 110110

B3:000000 (\

Bp:111111 11 bwz’z bo,301,3b23 b4 b1 4

By:111110
B3:000000

B1: 111111
by 1 bg 2 g2 by 5 by 3by 305 3b0 4014

By 111

By:1111 1\(
By: 1111
8451000000

Bo A 1IN 11 \‘9&2}0\%,0 b3,0 bo,1 01,102,192 b12 b3 200 301,307 3bg 4

Bp,0 b1,0 02,0 P30 b0 1 P11 b2 4Py 2 bg2bs5bg3bq3bs3b33
b,401.4b24bg5b4 5005

Bg,0 b1,0 02,0 P30 b0 1 P11 b2 4 b3 1bg o012 by 5bg 304 3bs3

B1: 1 1 1 1 1 1 b3,3 b0,4 b1‘4 b2,4 b0‘5 b1‘5 b2,5 e

Bor111111

By 710100

Bp: 111111 bo,0 P1,0 02,0 03,0 Pg,1 P1,1 b2,1 031002012 b35bg3b1 3023
B1: 1 1 1 1 1 1 b3,3 b0,4 b1‘4 b2,4 b0‘5 b1‘5 b2,5‘ b3‘5‘ e

Bor111111

By 110101

Bp: 111111 bo,0 1,0 02,0 03,0 Pg,1 b1,1 b2,1 031092012 b3 b3 o g3
Byx111111 b1,3b2303 300 4D14b24b05015025 b3 -
Bor111111

By:111101
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The puncturing shall be performed as follows:
SM:

The higher protected part of the transmitted sequence is punctured according to table 65 resulting in (v p.0---Vp2N,-1 )

The lower protected part of the transmitted sequence is punctured according to table 65 resulting in
kvP52N1 VP, 2N +Ny)-13-7, )

The tailbits of the transmitted sequence is punctured according to table 66 resulting in
kvp,Z(N1+N2)—12—rp < Vp,2(Ny+Ny)-1 /-

NOTIE T IT there 1s only one protection level the higher protected part is absent.

HMsym:

The VSPP part of the transmitted sequence is punctured according to table 65 resulting\

The tailbjts for the VSPP part of the transmitted sequence is punctured accordipg
(VO,Z(N1+ V,)=12=ry *++V0,2(N;+N,)-1 ) :

The high¢r protected part of the SPP part of the transmitted sequence i S ingtgtable 65 resulting in
(vp’o ...vp’le_l) for p D{I,Z} .

The lowef protected part of the transmitted sequengs i
kvp,ZNl .. 'vp,Z(Nl +N2)—13—rp ) for p D{l,ﬂ .

The tailbits for the SPP part of the transmitted seqp
kvp,Z(N1+N2)—l2—rp "'vpaz(NlJsz)_l) for Y(p) =\xp,

NOTE 2: If there is only one pratectiq

HMmix:
The VSPP part of the t@ s g(s punctured according to table 65 resulting in (vRe ...vRe ) .
0.0 0,2(N1+N2)-1341
The tailbjts for the VSPRpark : equence is punctured according to table 66 resulting in
(vRe
0,2(N1+N2)-12-rg
The real component ofghe higher protected part of the SPP part of the transmitted sequence is punctured accordling to

table 65 gesulting if ) for Xin =2N,.

’ p.2N1-1
The real ¢omaponent of the lower protected part of the transmitted sequence is punctured according to table 65 fesulting

: Re Re
in (v "'vp,Z(N1+N2)—l3—er for pOL2 .

P:2N1

The tailbits for the SPP part of the transmitted sequence is punctured according to table 66 resulting in

VRe oo VRe .
P,2(Np +N2)—12—rp p.2(N1+Np)-1

NOTE 3: If there is only one protection level the higher protected part is absent.

The imaginary component of the higher protected part of the SP part of the transmitted sequence is punctured according

to table 44 resulting in (vlm yim ) for p0{0,1,3 .

.0 p.2N1-1
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The imaginary component of the lower protected part of the transmitted sequence is punctured according to table 65
. . Im Im
resulting in (vp’ZNl =V p AN N 137, ) for p D{O,I,Z} .

The tailbits for the SP part of the transmitted sequence is punctured according to table 66 resulting in
(vlm Lm j for p0{0,1,3 .

P,2(Np +N2)—12—rp p.2(N1+Np)-1

NOTE 4: If there is only one protection level the higher protected part is absent.

7.3.3 Bit Interleaving

Bit-wise |nterleaving shall be applied for some of the levels of the coding scheme according to figures 18 tor21). The
same bas]c algorithm which results in a pseudo random bit ordering shall be used independe; the EAG,"§DC and
MSC.

The permjutation I p(i) is obtained from the following relations:
for 64-QAM: ¢, =13, t, =21
for 1-QAM: ¢, =13, 1, =21

for 4-RAM: 1, =21

p0{0.1.3
¢ = ollog 2]
qg=4/4-1

the numbgr of input bits x;,, is defin Al

and |_ _| means round towards i fir
M, ()=
for i =1,
m,d
\
7.3.3.1~EAC

The block size shall be in every case the same for the interleaver Ip with p = 0 only. The number of elements for the bit
interleaver x;, equals 2Ny~ The input vector is defined by:

V(p)= (vp,07Vp,lavp,Za'"vp,ZNFAC—l)
The interleaved output vector is the subset of the permutations I b (9) defined by:

Y(p)= (,yp,anp,l5yp,25"'yp,2NFAC—1)
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The output elements are selected from the input elements according to:

Ypi =Vp.N @)

7.3.3.2 SDC

The block size shall be the same for each interleaver /,,. The number of elements per bit interleaver x;, equals 2Ngp
For each bit interleaver, the input vector is defined by:

V(p)= (vp,Oavp,l5Vp,25“'vp,2NSDC —1)

The interleaved output vector is the subset of the pprmnmtinnq I_Ip (N defined by

Y(p)= (,Vp,o,yp,l,J’p,z,myp,zNSDC—l)

The outpyt elements are selected from the input elements according to

Ypi =Vp.N @) -

7.3.3.3 MSC

SM and HMsym:

The block size shall be the same for each interleave | ¢ m
occupangly and the constellation. The number of erleaver,

the input [vector is defined by:

V(P) = [p0s VsV p 2V pa(y 4, )-1)

The inter

aved
lected

The two |
lower prd
from the

for each

The numl bwer

protected|

HMmix:

The block size shall be the same for each interleaver IpRe and Ipl’" but shall be dependent on the robustness mode,
spectrum occupancy and the constellation. The number of elements per bit interleaver equals (V; + N,). For each bit
interleaver, the input vector for the real and imaginary components are defined by:

Re —|,,Re _Re _Re Re —|.,Re Re Re Re Re Re
V) = (Vp,o’vp,l’Vp,2’~~-vp,N1+N2-1)— (Vl,p,oﬂl,p,lwﬁ, PN =12 V2.0,0:V2,p 15V, p,Nz—l) or

Im — [, Im _Im _Im Im — [, Im Im Im Im Im Im .
e = (VP,O"’p,I’"p,2"""p,N1+N2 —1)‘ ("1,117,0"’1,117,1"""1,p,N1 -1°Y2,p,00V2,p,1+V2 p N, —1) respectively.
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The interleaved output vector for the real and imaginary components are the subset of the two permutations I b )
defined by:

Re —|.,Re Re _ Re Re —|.,Re Re Re Re Re Re
Y= (p)= (xyp,o’yp,l’yp,2""yp,1v1 +N, —1)‘ (YI,p,O’J’1,117,1"")’1,p,N1 —1’y2,p,0’y2,p,l""yz,p,Nz—l) or

Im —|,,Im Im _Im Im — (., Im Im Im Im Im Im .
Y (p) - (‘yp,() > yp,l > yp,2 ,-~-yp,N1+N2_1 )_ (‘)/l,p,O P yl,p’l s-~-y1’p,N1_1 P J/2,p,o, y2,p,1 :~-~y2’p’N2 -1 ) respectlvely.

The two parts with different protection levels shall not overlap in the interleaving process Therefore the interleaved
lower protected part shall be appended to the interleaved higher protected part where the output elements are selected
from the input elements according to

Re———Re Re——R J———tn fr———
Vipi =VipN()> Y2pi =V2.p.0(0) > Yipi = Vipn@) 34 Y20 =V2pn0)
for each part respectively.

The number of input bits used for the permutation for the higher protected parts shal and he lpwer

@%

in

protected| parts shall be x;, = N, .

a
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The mapping strategy for each OFDM cell is dependent of the assignment to the channel (FAC, SDC, MSC) and the
robustness mode. All data cells are either 4-QAM, 16-QAM or 64-QAM.

The default method for mapping shall be performed according to figures 23 to 27.

The y', denote the bits representing a complex modulation symbol z.

Im{z} 64 - QAM
A 90 91 92
° ° ° e —_ o ® ® ® 000
7a
° ° ° e | o ° ° 0
S5a
[ [ ) [ e o ® 10
3a
o 110
I > Re{z}
7a
° 001
° ° 101
Ld ° 011
b g 111
1 0
0 0
0 0
Figure 23: SM 64-QAM mapping with corresponding bit pattern
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Im {z} 64 - QAM
A 99 9
° ® ° e ——_ © [ [ ] ) 000
Ta
[ ) [ J [ ) ®e —+—_© [ ] o [ ] 010
S5a
[ J [ J [ J ® ——_ O [ ) [ ] [ J 001
3a
[ J [} [ ] [ ] — @ [ ] [ J 0 L4
la
I I I I ' I I | ef
-7a -S5a -3a -la la 3a S5a
[ ] [ ] [ ) ®e —|— .0 [ J [ J 00
-la
° ° ™ e —_ o ° 110
-3a
101
111
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Im {z} 64 - QAM
A Qo 91 9@
e —+—_ © [ ) [ 000
Ta
e ——_ © ® [ 100
S5a
[ J [ ] [ ) e —+—_ © [ ] [ J 010
3a
[ ) ° [ ] ° —_1a. [ J [ ) () 1 1L.O
I I I I I I I ! ef
-7a -5a -3a -la la 3a S5a
[ ] [ J [ ] e — . O [ ] [ ] 01
-la
° ° ® e +—_© [ ] 101
-3a
1
1
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Im{z} 9o di
A 16 - QAM
[ ) ®e — © [ ]
3a 00
[ ] e +— © [ ]
la 10
i i i — Re{z}
-3a -la la 3a
® e . © ® 01
=1d
[ ] e —+— O o
-3a }
1y 1 0 1 0
i 1 1 0 0

Bit ordering: {io qo} = 1Yoy 1}

Figure 27: SM 4-QAM mapping with corresponding bit pattern

NOTE: Left hand bit is the first in time

For 64-QAM, the normalization factor is a =

For 16-QAM, the normalization factor is a =

—1] —
SEESE

. . 1
For 4-QAM, the normalization factor is a = —

5
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The data stream at the output of the interleaver consists of a number of bit words. These are mapped onto one signal
point in the signal diagram according a complex number z. For SM and HMsym the 64-QAM diagram shall be used
according figure 23 and 24 respectively. The bits shall be mapped accordingly:

(,Vo NY2Y3Ya y5)= (yo,o V1,0 2,0 Yo,1 V1,1 V2.1 )

For HMmix the 64-QAM diagram shall be used according to figure 25. The bits shall be mapped accordingly:

(,Voy1y2y3y4y5) (J’ y y y y y )

The 16-QAM diagram shall be used according figure 26. The bits shall be mapped accordingly:

(,Vo Ny2y3 ) = (Yo,o V1,0 Yo,1 yl,l)

The 4-QAM diagram shall be used according figure 27. The bits shall be mapped accord

(,Vb yi): (Yo,oy0,1)

7.5 Application of coding to the chan

7.5.1 Coding the MSC

The MS( may use either 64-QAM or 16-QAM mdpping. 64 i @g e i 6-QAM
provides p more robust error performance. In eachhcasena range of code xates is available to provide the most
appropridte level of error correction for a given transwissioq. ailable~combinati i ode rate
provide al large degree of flexibility over a wide ra SQIISS| . | e used to

provide two levels of protection for the MSC. For the ch i i i provide
a third leyel of error robustness for 4 part of the

7.5.1.1 SM

Two protgction levels
number qf input bits L

[¢)

The MS( shall be encodéd s 2106 B. ned in
tables 67]and 68. The C ighalle
clause 6.4.3.1).

Two ovetall gode xrates ark or the 16-QAM as follows:

: Code rate combinations for the MSC with 16-QAM

Protection level Rar IRo IRt [RYiem
0 05 [1/3 213 |3
1 062 |1/2 |3/4 |4

Four overall code rates are defined for 64-QAM as follows:

Table 68: Code rate combinations for the MSC with 64-QAM

Protection level Rar [Ro IRt [R2 |RYiem

0 0,5 174 11/2 314 |4
1 0,6 1/3 12/3 |4/5 |15
2 0,71 |1/2 |3/4 [7/18 |8

3 0,78 |2/3 |4/5 |8/9 |45

NOTE: These code rates are also used for the imaginary part of HMmix.
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One or two overall code rates shall be applied to one multiplex frame. When using two overall code rates, both shall
belong to the same constellation.

Annex J provides the number of input bits per multiplex frame for EEP.

7.51.2 HMsym

Two protection levels are possible resulting in the use of two overall code rates. The number of input bits LMUX per
multiplex frame shall be calculated with the formulas of clause 7.2.

The MSC shall be encoded according to clause 7.3. The overall code rates and code rates for each level for the SPP are
defined in table 69 and for the VSPP in table 49. The protection level is signalled in the multiplex description data
entity of the SDC (see clause 6.4.3.1).

Four ovefall code rates are defined for the SPP as follows:

Table 69: Code rate combinations for the SPP of MSC with

Protection level Rai R R, RY}&m
0 0,45 [3/10  [3/5¢ [10~
1 0,55 |4/11  [8111\[11
2 0,72 |4/7 7/8\1%6
3 0,78 |2/ ENEN

NOTE: These code rates are alsg/Used fortheteal part
of HMmix. )

Four ove

Ro
1/2
4/7
3/5
2/3

Q NQTE: \_Theseé code rates are
Iso used for the real

\/\ part of HMmix.

Annex J provides { er ofampt s\per multiplex frame for EEP.

7.5.1.3

Two protpction levelstate possible resulting in the use of two overall code rates. The number of input bits LMUX per
multipley frame.shall be calcdlated with the formulas of clause 7.2.

The MS( shall be encoded according to clause 7.3. The protection level is signalled in the multiplex description data
entity of the-SBC~(see-elause-6-43—1-

Four overall code rates are defined for the SPP as shown in table 71 and the four possible code rates for the VSPP are
defined independently as shown in table 70.

Table 71: Code rate combinations for the SPP of MSC with HMmix 64-QAM

Protection level Ryl Rolm R1Re R1'm R2Re Rzlm RY\cm

0 048 [1/4 [3/10 |1/2 [3/5 [3/4 |20
1 0,58 [1/3 |4/11 |2/3 |8/11 |4/5 |165
2 0,71 |1/2 |47 |3/4 |7/8 |7/8 |56
3 0,78 |2/3 |2/3 |4/5 |8/9 |8/9 |45

Annex J provides the number of input bits per multiplex frame for EEP.
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7.5.2 Coding the SDC

The SDC may use either 16-QAM or 4-QAM mapping. 16-QAM provides greater capacity whereas 4-QAM provides a
more robust error performance. In each case, a fixed code rate is applied.

The constellation should be chosen with respect to the MSC parameters to provide more robustness for the SDC than
for the MSC.

The number of input bits Lgy~ per SDC block is calculated as given in clause 7.2.
For 16-QAM the combination given in table 72 shall be used.

Table 72: Code rate combinations for the SDC with 16-QAM

Rai |Ro |Rq
0,5 113 |2/3

For 4-QAM the code rate given in table 73 shall be used.

Rai |Ro
0,5 1/2

Annex J provides the number of input bits per SD&

Error det¢ction with a CRC is described in clause 6

7.5.3 Coding the FAC
The FAC] . A Tixie ¢ dpplied.
The numl b i d as given in clause 7.2.

The code

R

all
0,6 3/5

Error det¢ction wit des¢ribed in clause 6.

7.6 MSC Cell Interleaving

A cell-wise interleaving shall be applied to the QAM symbols (cells) of the MSC after multilevel encoding with the
possibility to choose low or high interleaving depth (denoted here as short or long interleaving) according to the
predicted propagation conditions. The basic interleaver parameters are adapted to the size of a multiplex frame which
corresponds to N}y cells.

For propagation channels with moderate time-selective behaviour (typical ground wave propagation in LF and MF) the
short interleaving will provide sufficient time- and frequency diversity for proper operation of the decoding process in
the receiver (spreading of error bursts). The same block interleaving scheme as used for bit interleaving in the
multilevel encoder (see clause 7.3.3) is always applied to the N,y cells of a multiplex frame.
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The input vector of the block interleaver corresponding to the N,y QAM cells z, ; of multiplex frame 7 is given by

Z,= (Zn,O’Zn,l’Zn,2""’Zn,NMUX—l )

The output vector with the same number of cells or elements, respectively, is given by

Z, = (Zn,O’Zn,l’Zn,2""’Zn,NMUX—l )

where the output elements are selected from the input elements according to

A

7,1 ALOE

The pernjutation 1(7) is obtained from the following relations:

s =2llg '(NMUXﬂ, [ | means round towards plus infinity;

q=s/4[-1;

1) =0j;

fOIiZI, 27"'5NMUX_1: %
NG) £ (¢ NGE-1)+¢)(mod s);
while I'I(i)ZNMUX:

For severg time- and frequency-seheetiye elsh e
frequency bands the int S eme. For
this the interleaving dep

performapce and processing

The outppt vector for long interheavingwith N, , 5t the
same way as for short interieavi y exception is that the permutation is based not only on the current put also
on the lagt D-1 multiplex frasyes. permutation (i) as defined before is used again to determine the relatipn

between the 1 yt vector Zn and the D input vectors Z,,Z,_1,...,ZL,_p+] -

The outpyt elements areselected from the input elements according to

Zy, i = Zn-r (), 0)

For given valuei the selection of the input vector number n —[ (i) for the correspondent element [1(7) is done with the
following formula:

(i)=i(modD) for i =0,1,2,...,Nyux ~1.
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Taking into consideration the transmission of the full content of a multiplex frame the overall delay of the pure
interleaving/deinterleaving process is given by approximately 2 x 400 ms, i.e. 800 ms, for the short interleaving. In the
case of the long interleaving it corresponds to about 2,4 s. In addition to that the delay is increased during transmission
due to the fact that the SDC block is inserted at the beginning of a transmission super frame. With a depth of D =5
multiplex frames for long interleaving the maximum additional increase in delay is given by the time duration of two

SDC blocks.

7.7
structure

Mapping of MSC cells on the transmission super frame

The content of three consecutive interleaved multiplex frames (with N, ,,» QAM cells each) is mapped onto a

transmisgion super frame, i.e. the corresponding number Nz, of useful MSC cells is fixed as an integer multiple of 3.
Due to the fact that the number of FAC and synchronization cells is varying from OFDM sy 0 OFDM symbol a
small los$ Ny of 1 or 2 cells can occur compared with the number of available cells in a tpdns per frae which
is given Qy
Ngpa =Ngpy + Np =3xNypyx + N
Tables 75 to 78 give the values for the different robustness modes and bandwidth
Table 75: Number of QAM cells for M f ode
Parameters hectkuyh qccthagncy
0 1 \ / 4 b
Numbgr of available MSC \_)
cells per super frame Ngpp 3778 &%{ 6\897\ )E/ 16 394 18 B54
Numbgr of useful MSC cells
per super frame Ngp, 3777 4 266 \(8%\ 8877 16 392 18 B54
Number of MSC cells per
multiplex frame Ny (\gseﬁ \QZ\Z\, }5}/ 2 959 5464 6118
Cell logs per super frame N ) 1 0 2 D
QAS%(\@ M cells for MSC for Mode B
Parameters Spectrum occupancy
2 3 4 b
Number of availa
cells pér super ffame 29 3330 6 153 7013 12 747 14 B23
Numbdr of u§ I SCells
per super 2898 3330 6 153 7 011 12 747 14 B22
Numbdr of MSC cells_per |
multiplex frame Nyi) 966 1110 2 051 2337 4 249 4774
Cell logs per-super frame\NL 2 0 0 2 0
Table 77: Number of QAM cells for MSC for Mode C
Parameters Spectrum occupancy
0 1 2 3 4 5
Number of available MSC
cells per super frame Ngpp B B B 5532 B 11603
Number of useful MSC cells
per super frame Ngg B B B 5532 B 11601
Number of MSC cells per
multiplex frame Npux B B B 1844 B 3 867
Cell loss per super frame N - - - 0 - 2
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Table 78: Number of QAM cells for MSC for Mode D

Parameters Spectrum occupancy

0 1 2 3 4 5
Number of available MSC
cells per super frame Ngpp B B B 3679 B 7819
Number of useful MSC cells
per super frame Ngg B B B 3678 B 7818
Number of MSC cells per
multiplex frame Npux B B - 1226 B 2606
Cell loss per super frame N|_ - - - 1 - 1

So the ovierall data vector for the useful MSC cells in transmission super frame m can be described by

S = (sm O’Sm,l’sm,2""’sm,NSFU—l)

= (Z_ *mo> Lyrm1 » Lymr

In the cage that N; is unequal to 0 one or two dummy cells, i.e. (Em,()

Their corpiplex values (i.e. the corresponding QAM symbols) shall

Table 79: QANﬂmbols o

Nurhber of dummy cells N|_per Complex vallies 6f'the Hﬂm}\ny cells (QAM symbols)
ansmission super frame 0 Em,l
1 [ a(1+})
2 NN S NN a'(1-j1)

[=

The valug¢ of a in table 79 is de@e/\on t e@n llation chosen for the MSC (see clause 7.4).

8 re

8.1

The transjmitté

me structure and modes

in transmission super frames.
Each tranjsmission Supeér frame consists of three transmission frames.

Each trarfsmission-frame has’duration Ty, and consists of N, OFDM symbols.

Each OFDM'symbol is constituted by a set of K carriers and transmitted with a duration Tg

The spacing between adjacent carriers is 1/T),.

The symbol duration is the sum of two parts:

- auseful part with duration Ty,

- aguard interval with duration Tg.
The guard interval consists in a cyclic continuation of the useful part, T, and is inserted before it.
The OFDM symbols in a transmission frame are numbered from 0 to N, - 1.

All symbols contain data and reference information.
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Since the OFDM signal comprises many separately modulated carriers, each symbol can in turn be considered to be
divided into cells, each cell corresponding to the modulation carried on one carrier during one symbol.
An OFDM frame contains:
- pilot cells;
- control cells;
- data cells.

The pilot cells can be used for frame, frequency and time synchronization, channel estimation, and robustness mode
identification.

The trangmitted signal is described by the following expression:
oo Ny—1 Ko«
— 27T  pt
x(t) =Re e’ Ik Z Z Zcr,s,k wr,s,k(t)k
r=0 s=0 k=K_;,
where
J27 - (1=Tg=sT,~N, rT,)
—Je u !
l//r,s,k )= (
0

and:

Ns

k denotes the carrier nun

s denotes the OFD,

r denotes th:ian

K is the number oftrat

Ts

TLl

Tg

fR

Crok complex cell value for carrier k in symbol s of frame number r.

Th walhrec-daenend-anthe-tumma-ofcal—agodafinad-balasx
€ Cp g (vataes-depend-on-the-type-ofecelas-defined-below-
b

For data/control cells (MSC, SDC, FAC), ¢, ; x =z where z is the constellation point for each cell as given by the
mappings defined in clause 7.

For each reference cell, a defined phase and amplitude is transmitted, ¢, ., =a,, U ,, where
g i is the amplitude, which always takes one of the values {1,\/5 ,2} ,and

219, . . .
Usr = ¢’“™** is a unit-amplitude term of phase 2x.

agy and 9, are defined for each type of reference cell in clause 8.4.
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Propagation-related OFDM parameters

OFDM parameters must be chosen to match propagation conditions and the coverage area that the operator wants to

S€rve.

Various sets of OFDM parameters are therefore defined for different conditions of propagation and their parameter
values are listed in table 80.

Table 80: Numerical values of the OFDM parameters

Robustness Duration T, Carrier Duration of Duration of Tg/Tu Number of
mode spacing 1/T,, | guard interval symbol symbols per
Tg Ts=Tu+ Tg frame Ng
A 24 ms 4128 Hz 2,66 ms 26,66 ms A9 15
B 21,33 ms 46 78 Hz 5,33 ms 26,66 ms ( 1/4 15
c 14,66 ms 68 2/11 1z 5,33 ms 20 ms AN 20
D 9,33 ms 107 V7 Hz 7,33 ms 16,66 ms |\ \ 114 24

8.3

8.3.1

\Q\/

Signal bandwidth related parametér

Parameter definition

The OFDM parameters depend upon the availableA ation
with resppct to the reference frequency (named D

transmissions).

The Spedtrum occupancy defines the nominal channel vays to

the right

Table 81 [relates the spectrum occiipanc
bandwidth, and figures 28 and

|
Q
=2
(]
o]
—
A
o
%
(/2]
=S
o
(1]
-
(1)

£z, which is an integer multiple of 1 kH.
AC (see clause 6.3), to the nominal chanfel

n
[2)
-
3
(2]
(2]
[=
©
1Y
3
O
<
T
Y
=
Q
3
(]
(=g
o
=
[V
=
Q
(2]
=2
Q
=]
3
3
o
Y
=
Q
2
Q.
~
-

v.

> Spectrum occupancy
A N 1 2 3 4 5
Charnel bandwidth (kHz 45 |/ 5 9 10 18 2D
Spectrum occupancy ! : o
LOkHz | I
0 | Lo
1 1 1 !
N
F 4,5’kHz carrier group containing FAC cells 2 ! !
| [}
b
|:| 4.5 kHz group of carriers 4 | !
! |
|
;!

fr

Frequency —

Figure 28: Spectrum occupancy for 9 kHz channels
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Spectrum occupancy A

-

- 5 kHz group containing FAC cells

|:| 5 kHz group of carriers

The carrig ues

dependinp

Carriers Wi
Table 82 [presents the lower and upper carrier numbers for eagh rabustaess ﬁie ahd nominal bandwidth.
Table 82: C%xg bers foréach mgde
Robustress Carrier \Specttum occupancy
mode 0 \ 107 NI 3 4 5
A Kmin R \ 2 \ 027 -114 -98 -110
Kmax 102\ 14 \A02 114 314 350
B Kmin N (OGN 901 -103 -87 -99
Kmaxw EIN 03\ 91 103 279 311

< - Q - - -69 - -67

P
Kmax / < N ) - 69 - 213

D Kmi‘(\ - } - - -44 - -43

Keax B - - 44 - 135

Depending od the DC caxrier and certain carriers around DC are not used, as detailed in table 83.

Tahle 83: Unused carriers according to robustness mode

Robustness mode Unused carrier(s)
A &k 0{-1,0,}
5 i
c k0{d
D k0{d
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8.3.2 Simulcast transmission

The DRM signal is designed to work in the same broadcast bands as AM signals. Simulcast transmission of services
using DRM and AM can be performed by the juxtaposition of the analogue AM signal (DSB or VSB or SSB) and a
DRM digital signal. Many arrangements are possible and some are illustrated in annex K.

The spectrum occupancy number relates to the DRM signal. A broadcaster may choose to signal the presence of the
AM simulcast by use of the frequency information data entity in the SDC (see clause 6.4.3.4).

8.4 Pilot cells

8.4.1 Functions and derivation
Some celfs within the OFDM transmission frame are modulated with known fixed phasesagd amplits

These cells are pilot cells for channel estimation and synchronization. The positions, 4 i 2 s these
cells are ¢arefully chosen to optimize the performance, especially the initial synchronizatign d ad refiability.
The phasgs are defined, directly or indirectly, in 1 024ths of a cycle, i.e.

J2T g4 [5.k]

25k = 1024

Usk =e *=e , where 8,,,[s,k] takes integer values and is“ei ed using

integer affithmetic, as defined in the following clauses.

8.4.2 Frequency references

These cells are used by the receiver to detect the preésenceNQ &l Sig ; ffset.
They may also be used for channel estimation and )

8.4.2.1 Cell positions

Frequencly references are locat

There arq three freque r, as
defined i table 84.
(\ able 84:\Carriernumbers for frequency references
_Rohustness mode Carrier numbers
\ DA D 18, 54, 72
NEENE: SN 16, 48, 64

N NN 11, 33, 44
N\ D

7,21,28

They shall be present in all symbols of each transmission frame.
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8.4.2.2 Cell gains and phases

All frequency reference cells have a power gain of 2, i.e. ag; = \/E , in order to optimize performances at low signal to

noise ratio and be compatible with pilots with which they can share common cells.

The phases are defined as follows. For the first symbol in the frame (i.e. s =0), the phases 8,,,[s,k] are given in
table 85.

Table 85: Cell phases for frequency references

Robustness mode Carrier index, k Phase index, (4[0,k]
18 205
A 54 836

72 /215

16 | 33¢

B 48 LT (Ohest

64 C \ 555

11 \ N4
c 33 X D\ 392

7 VRN

N\
44 NOX 247
&
D 21 AN

28 T\ 332

For subsgquent symbols, the phases are chosen in
applying the following rules.

For rgbustness modes A, B and C, and carrier 28

Fhoals, k1= 910410, k]
For rqbustness mode D, carriers
Fifa 5, k] = 510240, 4], TOL
Pboals, k] = (191024$ Z

NOTE:

8.4.3

These cells are Toca

The time|reference\cells are mainly used for performing ambiguity resolution since guard time correlation provfides a
fast and ffequency insensitive estimation of time of arrival with a periodicity of one symbol. They are used for
determiningthefirst symbol of a transmission frame. They can also be used for frequency-offset estimation.
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The tables 86 to 89 define the phases of the time reference cells, and the phases of the frequency reference cells for the
first symbol of the transmission frame.

F1024[0, k] is the phase index in 1 024ths of a cycle.

Table 86: Phase of time reference cells for mode A

Carrier index, k Phase index, J4[0,k]
17 973
18 * 205
19 I
21 264
28 357
29 357
32 952 DN
33 440 S\
39 856
40 88 N
41 88 NI
53 68 S N\ S\
54 * 836 SAN
55 /836~
56 _ \ 836/
60 (\ 1008 Y/ \
61 N c1008 N ) S
63 A\ 752\ )
71 N 215
72 * /4 215
73 \( X7/
NOT an asterisk "*" also
es
see 1); the/definitions of phase index
re C Si

<?>K

iq;\ f time reference cells for mode B

BQ'”&\" Phase index, (4[0,4]
\ 14 304
KON 1827 331
\ 18 108
/20 620
24 192
26 704
32 44
36 432
42 588
44 844
48 * 651
49 651
50 651
54 460
56 460
62 944
64 * 555
66 940
68 428
NOTE: Carrier numbers marked with an asterisk "*" also
serve as frequency references
(see clause 8.4.2.1); the definitions of phase index
are consistent.
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Table 88: Phase of time reference cells for mode C

Carrier index k Phase index, J4[0,k]
8 722
10 466
11* 214
12 214
14 479
16 516
18 260
22 577
24 662
28 3
30 771
32 392
33* 392
36 37 RS
38 37 <\
42 474
44 * 242 {
45 242 \
46 754 < NAANS]
NOTE: Carrier numbers marked with
serve as frequency referenges
(see clause 8.4.2.1); the d f|n| (6)
are consistent.

Table 89: Phase%%ivwe

8.4.3.2

Carrier index k («RQas\é\};Qx,;OM 0,k]
s
NN \J N 124
N X ° A ) 788
[ N8 \ 788
N\ 9> > 200
QO IN 688
\12 ~ 152
N 920
NS 920
\ 17\ 644
N N8 388
N\ 207 652
X N21* 1014
23 176
N 24 176
26 752
27 496
28 * 332
29 432
30 964
32 452
NOTE:  Carrier numbers marked with an asterisk "*" also
serve as frequency references
(see clause 8.4.2.1); the definitions of phase index
are consistent.

Cell gains

All time reference cells have a power gain of 2,0 in order to optimize performance at low signal to noise ratio, i.e.

Ak =

2.
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844 Gain references

The gain reference cells are mainly used for coherent demodulation. These cells are scattered throughout the overall
time frequency pattern and are used by the receiver to estimate the channel response.

8.4.4.1 Cell positions

In a transmission frame, for the symbol of index s (ranging from 0 to N, - 1), carriers for which index k belongs to the
subsets as defined in table 90 are gain references.

Table 90: Carrier indices k for gain reference cells

Robustness Subset Condition Periodicity of the | |

mode gai ference
[ pattern

A k=2+4x(smod5)+20 xp p integer N5 symbo
kmin <ks kmax/ QK

B k=1+2x(smod3)+6xp p integer sy O|W
kmin <k S@

o] k=1+2x(smod2)+4xp p integer X 2 symbdis
kmin =g = \

D k=1+(smod3)+3xp

Carriers gt the edges of the spectrum always confain gai

Annex L [gives some example figures illustrating the

8.44.2 Cellgains

Gain refefence cells mostly hayda po £2 (18 ‘ ignal to

noise ratip. However, gain refe & ce e r power
gain of 2[(i.e. overall pai 3 ity

Robustltess ) \ Spectrum occupancy
mod N\ 0 AN 2 3 4 5
A <<;\\\;;£i ) \> 2,6, -102, -98, -114, -110, -98, -94, -11D, 1086,
1 110, 114 98, 102 110, 114 310, 314 346, 350
B \\\\BQi?’\\> 1,3, 91, -89, -103, -101, -87, -85, -9p, -97,
91 101, 103 89, 91 101, 103 277, 279 309, 311
c - - - -69, -67, - -6f7, -65,
67, 69 211, 213
D - - - -44, -43, - -4B, -42,
A3 134, 135
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In some cases gain references fall in locations which coincide with those already defined for either frequency or time
references. In these cases, the phase definitions given in clauses 8.4.2 and 8.4.3 take precedence.

In all other locations, the phases of the gain reference cells are obtained by integer arithmetic applied to small tables of
values, as defined in the following procedure.

8.4.4.3.1

The procedure is:

Procedure for calculation of cell phases

First, compute values of m, n and p for each cell, where the carrier number is k and the symbol number is s:

v, and k( are constants which are defined for each robustness mode in'table 92

n =smod y,
m=|_s/yJ
k—ko—nx
p:#
Xy

Robuystness mode

Table 92: Definitionm
7/

>~
o

NOTE

Secor]

Q1024 an

NOTE

8.4.4.3.

The W04

4[n, m] matrix is defined as:

the

clauses.

it

d integer.

Wigaaln.m] = { {228,
(455,
(683,
(910,
{114,

341,

569,
796,

228,

455},

683},
910},
114},
3413}
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The 2256[n,m] matrix is defined as:
Zysg[n.m] =1 {0, 81, 248},
{18, 106, 106},
{122, 116, 31},
{129, 129, 39},
{33, 32, 111}}
Q1024 = 36.
8.4.4.3.8 Robustness mode B
The VI/1024[n,m] matrix is defined as:
Wigaaln.m] = { {512,
{0,
{512,
The Z,5 [n,m] matrix is defined as:
Zyslnm] = { A0
{168
Oio24 =[12.
8.4.4.3.4 Ropus
The VI/1024[n,m] matriﬁ 1€
Wio0alnm 186, 93, 0, 931, 838, 745, 652},
8, 745, 652, 559, 465, 372, 279, 186, 93}}
The Z)s [n,
76, 29, 76, 9, 190, 161, 248, 33, 108},
{179, 178, 83, 253, 127, 105, 101, 198, 250, 145}}
Ol024 = 42
8.4.4.3.5 Robustness mode D
The W4 [n,m] matrix is defined as:
Wippa[nom] = { {366, 439, 512, 585, 658, 731, 805, 878},
{731, 805, 878, 951, 0, 73, 146, 219},
{73, 146, 219, 293, 366, 439, 512, 585}}
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Zysglnm] = { 10, 240, 17, 60, 220, 38, 151, 101},
{110, 7, 78, 82, 175, 150, 106, 25},
{165, 7, 252, 124, 253, 177, 197, 142}}
Oi004 = 14.
8.5 Control cells
8.5.1 General

The conttol cells consist of two parts:

- the Fast Access Channel (FAC), integrated in every transmission frame. It is used tQ qu
information for the receiver to be able to demodulate the DRM signal;

- the Service Description Channel (SDC), repeated every transmissig

hecessary

itional

information that describes the services currently available. The SDCY p cy

Switching (AFS).

Figure 3( describes the time-frequency location of these signals-

channel
bandwidt

transmission s

bols containing MSC and FAC cells

symbols containing MSC cells

. symbols containing SDC cells

Figure 30: Time-frequency location of FAC and SDC signals
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852 FAC cells

8.5.2.1 Cell positions

The cells used for FAC are cells that are neither frequency references, nor time references, nor gain references, nor data
cells in the symbols that do not contain the SDC.

FAC cells convey highly protected QAM symbols that allow fast detection by the receiver of the type of signal it is
currently receiving.

There are always 65 FAC cells. Tables 93 to 96 give the position of the FAC cells for each robustness mode.

Table-93—Positi tthe-FAC-celisinrot o p
Symbol Carrier nimber
0 /N
1 A\
2 6, 46,66, 86\ N
3 0, 30, 50, #Q,\90\
4 <14,22,34,62,'74, 94>
5 \.26,38,58) 86, 78V
6 < R 30042, 62, X0, 82
7 26784, 46,66,74, 86
8 / /30,.38, 50, 58, 70, 78, 90
9 [ () 1492, 34,4262, 74, 82, 94
10 K\\// /\.” 26, 38, 46, 66, 86
11 N N [t ) 10730, 50, 70, 90
12 L \ A ) 14, 34, 74, 94
13 N/ 38, 58, 78
14
Table ition o t %c s/in robustness mode B
Syml#o]\ Carrier number
< >1 Z <
2\ N 13, 25, 43, 55, 67
A3 N 15, 27, 45, 57, 69
{ 4 Vi 17,29, 47,59, 71
19, 31,49, 61,73
{ 6\ N 9,21,33,51,63,75
\ O\ 11, 23, 35, 53, 65, 77
L N NX\8 \ 13, 25, 37, 55, 67, 79
NN, 15, 27, 39, 57, 69, 81
10 17,29, 41,59, 71, 83
19 19, 31,43,61,73
12 21, 33, 45,63, 75
13 23, 35,47, 65,77
14
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Table 95: Position of the FAC cells in robustness mode C

Symbol Carrier number
0
1
2
3 9,21,45,57
4 23, 35, 47
5 13, 25, 37, 49
6 15, 27, 39, 51
7 5,17, 29, 41,53
8 7,19,31,43,55
9 9, 21, 45, 57
10 ’)’2, QR,A7
11 13, 25, 37,49
12 15, 27, 39, 51
13 5,17, ,29\41,53
14 7, 18,31, 43, 55\
12 9, g\,\%, 5/ N
17 {__18,35,87,49 >
18 \ 15, 2%39 51
19 A\ \
DN\
Table 96: Position of the FAC cellm eD
Symbol N\ > [ ) . Cérrier number
0 \ N\ )
1 N_
2 )
3 =N S 9,18, 27
4 N\ \ 10, 19
5 < [ NN 11, 20, 29
N N ) 12, 30
7] L — 13, 22, 31
8 N 5, 14, 23, 32
N2 { 6, 15, 24, 33
10\ N 16, 25, 34
A NN\ 8,17,26,35
N2 ) 9,18,27,36
13 N 10, 19, 37
{ 14\ N 11, 20, 29
\ 5O\ 12, 30
L NENEN 13, 22, 31
NN 5,14, 23,32
18 6, 15, 24, 33
19 16, 25, 34
20 8,17,26,35
21 9,18,27,36
22 10, 19, 37
23

8.5.2.2 Cell gains and phases

The Crs.k values are normalized modulation values of the constellation point z according to the modulation alphabet

used for the FAC (4-QAM) (see figure 27).

Successive constellation points are assigned to the FAC cells of a transmission frame in order of increasing carrier
index £k, starting from the most negative £; then in time order starting from the first FAC bearing symbol of the frame.
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85.3 SDC cells

8.5.3.1 Cell positions

The cells used for SDC are all the cells in the SDC symbols which are neither frequency references, nor time references,

nor gain references for which k,;, <k < k., and k does not belong to the subset of unused carriers defined above.
For robustness modes A and B, the SDC symbols are symbols 0 and 1 of each transmission super frame. For robustness

modes C and D, the SDC symbols are symbols 0, 1 and 2 of each transmission super frame.

8.5.3.2 Cell gains and phases

The Crg, habet
used for the SDC

Successiye constellation points are assigned to the SDC cells of a transmission super frag de i ihg carrier
index k, dtarting from the most negative k; then in time order starting from the first S gari 3 super

frame.

8.6 Data cells

8.6.1

Data cell
to the suf

Cell positions

k < k. and k does not{belong

8.6.2

The c; g
used for the MSC (64- or 16-Qp ¢ ot the vector §,, (see clause 7.7).

alphabet

Successiye elements s,, ,axg assi 8 3 ission super frame in order of increasing carrier inflex £,
starting ffom the most Q S 9 time i
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Annex A (informative):
Simulated system performance

The table gives simulated system performance anticipating perfect channel estimation and the absence of phase noise
and quantization effects. Channel decoding is assumed to be done with a multistage decoder with two iterations.

The results are given for five of the channels of annex B, whereby the associated OFDM modes are the Mode A for the
channels 1 and 2, the Mode B mode for the channels 3 to 5. The associated code rate is R = 0,6 and the modulation is
64-QAM. The signal power includes pilots and the guard interval.

Table A.1: Required C/N for a transmission to achieve a BER =1 x 104
after the channel decoder for the MSC

Channel model Code rate R = 0,6 ™\
Channel 1 149 4B\ ¢
Channel 2 16,8 dB\
Channel 3 /7 23,2%B X
Channel 4 \ 22,348 X
Channel 5 { 20%dB \

RN

#
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Annex B (informative):
Definition of channel profiles

The channels to be considered are the LF, MF and HF broadcast radio transmission channels. In principle all three are
multipath channels because the surface of the earth and the ionosphere are involved in the mechanism of
electromagnetic wave propagation.

The approach is to use stochastic time-varying models with a stationary statistics and define models for good, moderate
and bad conditions by taking appropriate parameter values of the general model. One of those models with adaptable
parameters is the Wide Sense Stationary Uncorrelated Scattering model (WSSUS model). The justification for the
stationary approach with different parameter sets is, that results on real channels Tead to BER curves between best and
worst casps found in the simulation.

The chanpel models have been generated from the following equations where e(t) and s e the plex envelops of
the input jand output signals respectively:

SOEDINRAGE S
k=1 1)
This is ajtapped delay-line where:

- Py is the attenuation of the path number k - listed in table\B
- Ay s the relative delay of the path numbefk - i

- th s. The

magnitudes |c, (t)| are Rayleigh-distributed

For each weight {c,(t)} there is one 5 NZC trum
(PDS). The variance is a measy , the
relative aftenuation py_ - listed {n table’B. e width
of the PDIS is quantiﬁen p 3 1.
There mi shift or
Doppler
The PDS
2

@,, ()= N, QH (/)| 2)

H(¥) is thg transfer{functian ofthe filter. The stochastic processes belonging to every individual path then becone

Rayleigh|processes: For the fonospheric path, a Gaussian shape has proven to be a good approach with respect fo real
observatipng’

The Doppler profile on each path k is then defined as:

2
1 __(f-Dsh

— e 2
+J2mo

20;
The Doppler spread is specified as 2-sided and contains 68 % of the power:

[ (I =
(3)
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Table B.1: Set of channels

good LF, MF,HF
Channel no 1: AWGN typical/moderate LF, var.SNR
bad
path 1 path 2 path 3 path 4
Delay (&) 0
Path gain, rms (py) 1
Doppler shift (Dgp,) 0
Doppler spread (Dsp) 0
aocod
Channel no 2: Rice with delay typicaTlmoderate MF, HF
bad
path 1 path 2 path 3 N pathd
Delay (&) 0 1ms A
Path gain, rms (py) 1 0,5 \ >
Doppler shift (Dgy,) 0 0 / \ \ \
Doppler spread (D) 0 0,1 Hz \ N \
AW
Channel no 3: US Consortium plcjlz d(% HF
/\ MF
path™\. | ~path? \path 3 path 4
Delay (&) 6\ \ 0,7 @s \'/1 gti\rﬁs 2,2ms
Path gain, rms (p;) 1 ; 0,7 0,5 0,25
Doppler shift (Dgp,) 0,1 |(fz j \Q@ z 0,5 Hz 1,0 Hz
Doppler spread (D) 0,1 H% \0,5\H\z 1,0 Hz 2,0 Hz

NN ™

~_/  good
Channel no 4: 0o typical/moderate
AN bad HF

RN Path N path 2 path 3 path 4

Delay (&) A< \/\b\/ 2ms

Path gain, rm{(pN y 1

Doppler W%)\ 0 0

Doppler‘s\preaﬁ\%p)\ 1 Hz 1Hz

NN

good
Channel no 5 typical/moderate
bad HF
path 1 path 2 path 3 path 4
Delay (&) 0 4 ms
|Path gain, rms (py) T T
Doppler shift (Dg,) 0 0

Doppler spread (D 2 Hz 2Hz

sp)
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good
Channel no 6 typical/moderate
bad HF
path 1 path 2 path 3 path 4

Delay (&) 0 2ms 4 ms 6 ms
Path gain, rms (py) 0,5 1 0,25 0,0625
Doppler shift (Dg},) 0 1,2 Hz 2,4 Hz 3,6 Hz
Doppler spread (Dsp) 0,1 Hz 2,4 Hz 4,8 Hz 7,2 Hz

@%
S
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