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History of CD-DA
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€ 1969: The idea of a compact disc was born in the mind of Klass Compaan, a Ducth physicist.
€9 1975: Research on laser and optical disc technology started by Sony.

€ 1977: Philips began researching laser and optical disc technology.

€ 1980: CD-DA format introduced by Philips and Sony, and standards were laid down.

@ 1982: Manufacturing of CDS began on a large scale in a factory.
€ 1982: First ever alboum on a CD released by Sony, which was Billy Joel's 52nd Street.
€ 1983: CD players and discs hit the market in the US and the rest of the world.

#1987: The first Video CD (VVCD) format created for storing and playing video and audio.
#1996: DV D technology hit the world.

@ 1997: DVD released in the market, Sidelining CDs.

#1999: Super Audio CD (SACD) is released by Sony and Philips.

€2003: The first consumer available BIu-Ray player is released in Japan by Sony.

#2008: Sales for large label CDs drops 20% due to rising popularity of MP3 audio.



M History of MP3 players
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': 1 Apr 1989, Patented ¥ - 1 Jan 1994, MPEG-2  * 4 @, 1721099, And here they *
‘ == developed M are!

' 1 Jan 1988, MPEG + ﬂ 1 Jan 1002, Algorithm ~ # ‘ 26 Nov 1996, Patent ¥

B established /-*'\f' integrated B Tssued
1 Tan 1987, mp3 thought + Bl || 17an 1903, MPEG + 1 Sep 1008, Enforcing the *

of - published k patent
@
] o & & o & o v e

1990

< http://www.timetoast.com/timelines/ <>

1987 - The Fraunhofer institut in Germany began research (DAB).
*April 1989 - Fraunhofer received a German patent for MP3

«1992 - Fraunhofer's and Dieter Seitzer’s algorithm was integrated into MPEG-1.
*1993 - MPEG-1 standard published

*1994 - MPEG-2 developed and published a year later.

*1996 - United States patent issued for MP3

*1998 - Fraunhofer started to enforce their patent rights.

«1999 - Portable MP3 players appear.
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# Digital audio broadcasting
Digital Audio Broadcasting (DAB)

# Storage technologies
Digital audio player
Compact Disc (CD)
DVD-Audio
Super Audio CD
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Audio compression

format - Algorithm & Sample Rate -
MDCT, Hybrid Subband -
AAC 8 kHz to 192 kHz*
(AAC-HE) =10 ‘
AC3 MDCT 32, 441, 48 kHz
AMR ACELP A kHz
GSM-HR VSELP 8 kHz
GSM-FR RPE-LTP 8 kHz
GSM-EFR ACELP 8 kHz
HVXC Speech 8 kHz

8, 11.025, 12, 16, 22.05, 24,
32 441, 48 kHz

MP3 (MPEGA1, 2, 2.5

MDCT, Hybrid Subband
Audio Layer Il Y

Musepack Subband 32,378, 441, 48 kH=z
Vorbis (Ogg) MDCT 1 Hz to 200 kHz
Wind Media Audi 8, 11.025, 16, 22.05, 32, 441,
indows Media Audio MDCT : 16, 32, _

Pro 48, 88.2, 96 kHz

- Technical Details of Lossy Audio
Compression Formats

Bit rate

L1

O to 529 khit/s (stereo)

32 to 640 kbit's

475,515,590, 6.70, 7.40, 7.95,
1020, 12.20 kbit/s

5.6 kbit/s
13 kbit/s
12.2 kbit/s
2 or 4 kbitis

3, 16, 24, 32, 40, 48, 56, 64, 80, 96,
112, 128, 144, 160, 192, 224, 256,
320 kbit/s

3 to 1300 kbit/s

variable

4 to 768kbit/s

Latency

20-405ms""]
40 6ms

25ms

25ms
20-30ms
20-30ms

Jbms

=100ms

=100ms

=100ms

e
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Technical Detalls of Lossless Audio

MO

Audio compression format ¢ | Algorithm

ALAC Lossless
FLAC Lossless
Monkey's Audio Lossless
RealAudio Lossless Lossless
True Audio Lossless
Lossless,

WavPack Lossless _

Hybrid
Windows Media Audio

Lossless

Lossless

Lossless

TRAL TN R AR EHM CRFFS

Sample Rate

441 kHz to 192 kHz

1 Hz to 655350 Hz

8, 11.025, 12, 16, 22.05, 24, 32, 441,

48 kHz

Varies (see article)

04 GHz

1 Hz to 16.777216 MHz

8,11.025, 16, 22.05, 32, 441, 48, 852,

96 kHz

~ Compression Formats

Bits per sample ®

16, 24147

8, 16, 20, 24, (32)

Varies (see article)
1i0>64

varies in lossless mode; 2.2 minimum in lossy
mode

16, 24

Latency
?

4.3ms - 92ms (46.4ms
typical)

2

Varies

=>100ms
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& 5 4ii(Audio)E 5
B2 S [ 420 Hz~20 kHz {2 5
—RCR U, N BT R g E AR R B R AR K29 4E£20~20000
Hz2 8], AFRPMNEAEER
@ % (speech)(E 5
ANWR &4 'E & E R B R K2 280~3400 Hz; At
{55 42 18 H 9300~3000 Hz, X ARG MG S HONIE S
WAREE S
L IR
HiEiE S (FHiEE) 200~3400Hz / 13bits
TG 50~7000Hz / 16bits
PSR % 20~ 15kHz / 16bits
=5 R 5 4 20~20k Hz / 16bits
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M p-Law & A-Law

® A-Law ey lTl< %
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|:: ) g |:: ) 1+In{A|z|) l—l < |I| < 1_,

| 1+In(A4) °

®u-Law in(1 -+ pfa])

In(1+ p)

F(z) = sgn(x) —-1<z<1

30 A-Law andi-Law Segments

""" I e e L
: : : . 4 Alaw .
— ! . , .
1 ' ALaw:P g o]
e S A
y . i Law
2| L S U SO SR
16 1..... ________.____; ______ '.________.____-______-_______:
- | - : 4 >
. u-Law,Progressip
v 1 2 3 4 5 6 7 3

Analog Voltage [Arbitrary Units] '



M p-Law vs. A-Law

— AL AW
o A-Law Quantized
J-Law
o u-Law Quantized
== No Companding

Output Signal (dB full scale)

20 0 -20 -40 -60
Input Signal (dBm0)
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M. PCMvs. AM
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CD
« PCM (16bit/44.1kHz)

SACD (Super Audio CD)
« AM (1bit/2.8224MHz)
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M DSD (Direct Stream Digital)

Direct 1-bit, 2.8224 Mhz

Stream
Digital

1-bit, 14112 Mhz

= 1/64

—  1/32

x5 - 1/441
= 1/294
DSD's simple
down-conversion
to all standard
PCM distribution 1147

formats.

— 441 kHz

— P §8.2 kHz

—= 32 kHz

— 15 kHz

——P» 96 kHz

Resulting Digital Audio Pulse Train

A
N 4

SUPER AUDIO CD
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@ I+ 15725 (time domain approach)

@ Sl (frequency domain approach)
T 4% 5 (sub-band coding, SBC), ARG E{E 54
B LA (R F715), AR BIREAST75 H I B S 5 A
BEAT ML Gm D
H i& M2 #: 9% 5 (adaptive transform coding, ATC). FfR
FEET@%(WJ MBS HUR ZAH)EE BB 50 T2 2 140

» FHORZRIEEAN A e AR B AL AU R 345 B 15 IO PR T
/g 1204k 2R AT K 2116 kb/s.
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M FH-BiEREDBKPHEIEH (SB-ADPCM)

@ G. 722 EFERAE AN 2R th 8kHz 2 5 3] 16k Hz
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M G.722 SB-ADPCM
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€ R HE B AR AR 20ms iR i — Ik
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M’ FIE -7t 4mES (AbS)
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(Error
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(Error
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@ Z kP EURIMPE (multi-pulse excited)
BESmsAd FHAA Tk, BRI AL B AR B B g b 28 1
TE

@ 25 7] 55 Bk PRI RPE (regular-pulse excited)
FESMS 10k, A 3 2 — N Wk PR Az A0 B ke 14
g 52
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M’ Code-excited linear prediction (CELP)

Fixed codebook

e The CELP algorithm is based on four main ideas:

Using the source-filter model of speech production through
linear prediction (LP);

Using an adaptive and a fixed codebook as the input
(excitation);

Performing a search in closed-loop ina “perceptually
weighted domain” .

Applying vector quantization (VQ)

1H

Adaptive codebook

e[n-T]

r‘

|

Synthesis
Fixed codebook gain filter 1/A(z)
Excitation
Y e[n]
* > -
A
Adaptive codebook gain i
CELP decoder

Delay

Past subframe
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M’ Sound Pressure Level
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Figure 3.7 Schematic representation of temporal masking properties of the human ear
[3.82]. ©1997 IEEE.
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e 5 FZR (Hz) e 5 R (Hz)

B | Kawm | mim | WE | B | im | mom | WE
0 0 100 100 13 2000 2320 320
1 100 200 100 14 2320 2700 380
2 200 300 100 15 2700 3150 450
3 300 400 100 16 3150 3700 550
1 400 510 110 17 3700 4400 700
5 510 630 120 18 4400 5300 900
6 630 770 140 19 5300 6400 1100
7 770 920 150 20 6400 7700 1300
8 920 1080 160 21 7700 9500 1800
9 1080 1270 190 22 9500 12000 2500
10 1270 1480 210 23 12000 15500 3500
11 1480 1720 240 24 15500 22050 6550
12 1720 2000 280
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M MPEG1 Audio
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M MDCT

In particular, it is a linear function F': RzN — RN (where R denotes the set of real
numbers). The 2N real numbers Xo, ..., Xan-1 are transformed into the N real numbers
Xo, ..., Xn.1 according to the formula:

2aN—1
73 1 N 1

X = n — — + — —

k nzzoa: cos[N (n+2—|— 2)(k—l—2)]

The inverse MDCT is known as the IMDCT. Because there are different numbers of
inputs and outputs, at first glance it might seem that the MDCT should not be
invertible. However, perfect invertibility is achieved by adding the overlapped IMDCTs
of subsequent overlapping blocks, causing the errors to cancel and the original data to
be retrieved; this technique is known as time-domain aliasing cancellation (TDAC).

The IMDCT transforms N real numbers X, ..., X1 into 2N real numbers yq, ..., Von-1

according to the formula:

1 = T 1 N 1
Y = — X il Bl A O AT
Y N; kcos[N(n—l—z—l—Z)(-l—z)]



M’ Kaiser-Bessel Derived (KBD) window

@ A 50% overlap add (OLA) structure with certain pre and
post, time domain aliasing cancellation (TDAC)
windowing, the initial signal can be completely recovered.

TDAC Windows
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M MPEG2 Audio

€ MPEG-2 BC (Backward Compatible)
#9107 16 kHz, 22.05 kHz 124 KHZ R FEAR
i HH o R 1132 ~384 kb/s¥ & £118~640 kb/s
WS A IE N7 A R e
Y FFLinear PCM(Zk14:PCM)F1Dolby AC-3(Audio Code
Number 3)Zw i
€ MPEG-2 AAC (Advanced Audio Coding)
P AR R D e &, FRE AR S 9 5B &
T, M2 RE 5 TR A
XA 0] 8 kHz #1196 kHz, A L RFm B H k2
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M’ MPEG-2 BC4zh5z5/fiZr 2
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M’ TNS(Temporal Noise Shaping)

& EHEGR, %WL%%ﬁLmeﬁﬁﬁﬂ I I %o
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M MPEG4 Audio

¢ MPEG-4 Audioﬁ‘/ﬁT’%EﬁMlﬁ = E R 2
B, MWHZAF 5 RS &
& P 7RI BT

ZH 4w kg (parametric coding),

ho i ih 28 %4 i (code excited linear predictive, CELP)ZmHg,

EDL B /55 TIF(time/frequency) Zr i,

74k 75 % SA(structured audio) g,
VA -1E B TTS(text-to-speech) &R 4t )& B E & 55
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M. MPEGA4Hy3THhZmAL

Satellite  Cellular phone Internet ISDN
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+ >+ >
2 4 6 8 101214 16 24 it ; 32 48 64
N N I B | bit-rate {l.bp';) | | |
PP | | | |
Scalable Coder 8
TTS
Speech coding
General andio coding 8
4 kHz 8 kHz Typical Audio bandwidth 20 kHz

90



M. Scalable Coding

URL http://www.ntt.co.jp/tr/0403/files/ntr200403053.pdf

{a) Conventional coding

Encoded Encoded Frequency bandwidth, quality, and
data data number of channels are fixed

Fixed bit-rate

(b} Scalable coding

Enhancement 2 [~ Wideband stereo
Enhancement 1 » (CD level quality)
Cors
-1 P
e —————— -
! [
Enhancement 2 A — Wideband
Enhancement 1 Enhancement 1 {AM-radio level quality)
Bit-rate is variable
Core (reproduction is possible 22l -
from portions of data)
_,-‘T"'_—_______"'_::'
,J:- --------------- J::;- Marrowband
‘T """""""" (conventional telephone
level quality)
Core

91
Fig. 2. Comparison of conventional coding and scalable coding.
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MC SE4aE /NG

@ T B E R SR A T Y
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ME 36p
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N
D V]

Subject of specification series 3G and beyond / GSM GSM only (Rel-4 ~ GSM only
(R99 and later) and later) (before Rel-4)

General information (long defunct) 00 series
Requirements 21 series 41 series 01 series
Service aspects ("stage 1") 22 senes 42 series 02 senes
Technical realization ("stage 2") 23 senes 43 sernes 03 senes
Signalling protocols ("stage 3") - user equipment to 24 seres 44 series 04 sernes
network

Radio aspecis 25 series 45 series 05 series
CODECs 26 series 46 series 06 series
Data 27 senes 47 series (none 07 senes

exists)

Signalling protocols ("stage 3") -(RS5-CN) and OAME&P 28 series 48 series 08 series

and Charging (overflow from 32 .- range)
Signalling protocols ("stage 3") - intra-fixed-network 29 senes 49 series 09 senes

Pronramme manansmeant 30 =erie= AN =erips 10 =eries

http://www.3gpp.org/specifications/specification-numbering



M GSMMLE Y ST 4mhD

®GSM & 4 H

IR Z(EFR).

A R R A I (FR). SR

H & N 2 i E (AMR) A2 3

ﬁﬁm =] iéﬁ o

ETSI GSM 06.10 Full Rate (FR) speech transcoding 13 kbit/s 3.7
(RPE-LTP:Regular Pulse Excitation-
Long Term Prediction)

ETSI GSM 06.20 Half Rate (HR) speech transcoding | 5.6 kbit/s 3.5
(VSELP:Vector sum Excited Linear
Prediction)

ETSI GSM 06.60 Enhanced Full Rate (EFR) speech 12.2 kbit/s 3.9
transcoding (ACELP:Algebraic
CELP)

ETSI GSM (AMR) Used in UMTS 475-12.2 3.4-39

kbit/s

ETSI GSM (AMR- Used in UMTS 6.60 — 23.85 3.5-42

WB) = ITU-T kbit/s

G.722.2 WB
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F ik 3 (RPE)
@8 RE AL HR ]
CLRE /D A Bk i AT 5
E=LFILAR(log-area
ratio).
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TR . (438 364%)
M=
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(2R 188{k)

The encoder accepts 13 bit linear PCM at a 8 kHz sample rate. This can be
direct from an ADC in a phone or computer, or converted from G.711 8-bit
nonlinear A-law or p-law PCM from the PSTN with a lookup table.
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M RN 2% TN ACELP

@ Algebraic code-excited linear prediction (ACELP) is a
patented speech coding algorithm by VVoiceAge Corporation in
which a limited set of pulses is distributed as excitation to
linear prediction filter.

@ The ACELP algorithm is based on that used in CELP, but
ACELP codebooks have a specific algebraic structure imposed
upon them.

€ The ACELP method is widely employed in current speech
coding standards such as AMR, EFR, AMR-WB (G.722.2),
VMR-WB, EVRC, EVRC-B, SMV, TETRA, PCS 1900,
MPEG-4 CELP and ITU-T G-series standards G.729, G.729.1
(first coding stage) and G.723.1.

With the patent ending on 9th February 2018, designers have the option of ACELP which
the customer can optionally pay for now or for'standard usage after the patent expires.
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Adaptive Multi-Rate (AMR)

@ LR ReIIRT, 4R K EFRYW fRAS 25 7]
SEUL R RE S B, (H S R R EE IR, ﬁ)ﬁz%
A E%E’Jbﬁiiﬁﬂ MR [

&® AMRZs fitehd 2% 2H H i3 8 M 12.2kbps 22 4. 75kbps 1]
ACELPFE S8 2 Ak, i r] $21E87% 2 480% 1 TLR .. £
—FMIRFERB T, Bl E NEFRMERIBAS,
4.75kbpsZm it es 2P i ge Tk B

AMR utilizes Discontinuous Transmission (DTX), with
Voice Activity Detection (VAD) and Comfort Noise
Generation (CNG) to reduce bandwidth usage during
silence periods. o



M 3GHRAMR

@ 19994E47] 3GPPR4N T

B gﬁﬂﬁﬁliﬁ% DH/J*?‘/@
® AMRAREET TS AN [F] 1)

LG Wi, @I??é
B HA I 36 R 25 R (AMR)BREAE 56 = R B L

, /\DIJT

t TAMR—NB,

AMR-WBFIAMR-WB+=H A& il . AMR- -NB

\

=

?fﬁﬂ?, MAMR-WBAAMR-WB+ I 3 FH T % 5 18

OAI\/IRF' IR ACELP (AI ebraic Code Excited

Linear Predlctlon)ﬁﬁ%ﬁﬁ Tmf 1 8 gm bt R
(4.75~12.20Kbit/s) , HiE R EAT A ) 25K

Adaptive Multi-Rate Wideband (AMR-WB)
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VSELP(Vector Sum Exited Linear Predlctlon)ﬁaﬁ%
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AGZ IFHIEE ASEVS
Enhanced Voice Services (EVS) Codec

http://www.aes.org/technical/documentDownloads.cfm?doclD=548

EVS
\

«—  Fullband

—ee Super Wideband e— e >
€—— Wideband ————>

<& Narrowband =>
501 300 3400 7000 14000
Frequency [Hz]
Lower Area Mid Area Upper Area
more natural sound, More natural voice, Natural sound and
presence and comfort better understanding and high quality music

voice recognition



Codec for Enhanced Voice Services (EVS)
S B 0

MC

3GPP TS 26.441 VV15.0.0 (2018-06)
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16-bit Linear PCM Samples and Sample Rate (8, 16, 32 or 48 kHz)

Encoded audio frame, 50 frames/s, number of bits/frame depending
on the EVS codec mode

@ Encoded Silence Descriptor frames (variable frame rate)

RTP Payload Packets
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@ 16-bit Linear PCM Samples and Sample Rate (8, 16, 32 or 48 kHz)

@ @ Impaired received audio frame, nominally 50 frames/s, number of bits/frame
depending on the EVS codec mode

@ Encoded Silence Descriptor frames (variable frame rate)
@ RTP Payload Packets
@ Bad Frame Indication
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http://www.3gpp.org/news-events/3gpp-news/1639-evs_news
http://www.3gpp.org/dynareport/26-series.htm

TS 26.441

Codec for Enhanced Voice Services (EVS); General overview

TS 26.442

Codec for Enhanced Voice Services (EVS); ANSI C code (fixed-point)

TS 26.443

Codec for Enhanced Voice Services (EVS); ANSI C code (floating-point)

TS 26.444

Codec for Enhanced Voice Services (EVS); Test sequences

TS 26.445

Codec for Enhanced Voice Services (EVS); Detailed algorithmic description

TS 26.446

Codec for Enhanced Voice Services (EVS); Adaptive Multi-Rate - Wideband (AMR-WB)
backward compatible functions

TS 26.447

Codec for Enhanced Voice Services (EVS); Error concealment of lost packets

TS 26.448

Codec for Enhanced Voice Services (EVYS); Jitter Buffer Management

TS 26.449

Codec for Enhanced Voice Services (EVS); Comfort Noise Generation (CNG) aspects

TS 26.450

Codec for Enhanced Voice Services (EVS); Discontinuous Transmission (DTX)

TS 26.451

Codec for Enhanced Voice Services (EVS); Voice Activity Detection (VAD)

TS 26.452

Codec for Enhanced Voice Services (EVS); ANSI C code; Alternative fixed-point using updated
basic operators

TS 26.453

Codec for Enhanced Voice Services (EVS); Speech codec frame structure

TS 26.454

Codec for Enhanced Voice Services (EVS);interface to lu, Uu, Nb and Mb
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Range of Operating Points

Band- Bitrates
width [kbps]
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ACELP/MDCT » «—NDCT—>

« Bandwidth detector: automatically switches to effective
bandwidth

« Seamless switching between any operating-points: adapt to
transmission-channel o

http://www.aes.org/technical/documentDownloads.cfm?docID=548 retrieved:201810
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Codec Rate (kHz) | Bitrate (kbps) | Delay (ms)
EVS 48 6.6-23.85 20
AMR-NB 8 4,75-12.2 20
AMR-WB 16 6.6-23.85 20
(G.722.2)
G.729 8 8 15
GSM-FR 8 13 20
GSM-EFR 8 12.2 20
G.723.1 8 536.3 37.5
G.728 8 16 0.625
G.711 ((/A-law) |8 64
G.722 16 1148 56 64
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