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Real-time Implementation of a GSM-EFR
Speech Coder using a OakDSP Core
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£ =FA = DSP GroupAte 16 BIE 1 AFFH
DSP ¢l OakDSP Core & AM&-8td @2l o]FFAldA
EFOR AMgEHT 24 yEsr 4nd5Ed
GSM-EFR (Global System for Mobile communications —
Enhanced Full Rate) & AAIZre.2 F 734
GSM-EFR &4 ®3Z3}7)9] AAEFe oF 24 MIPS 7t &
259,706 K =9 3= 29} 1219K =9 b
ole]l WEYE ALY FEE 4 FEEVe
ETSIONA AFsts A8 HE] AELS 25 F430e
W, AgA Hrt € ol8stq ANzt PhE P 2
3}, 32 kbps ADPCM & H|& g 23 & Bt & =89
A AAzter FHEE GSM-EFR 4 RIdrle
IMT2000 Hl%7] @4el &4 Fz237l XFEYD GSM-
AMR o] HA9 ANEF BeEA, o2 IMT-2000 H]
E714 @278 29 ASIC o] B4 GSM-AMR &4
Bo87le FEE 4% R F2E o8 dFelt
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£3& ZE=u g3 A e CELP (Code-Excited Linear
Prediction){1]= EZ 24 ¥353 duzFel FHE
o]21 o G.723.1[2], G.729[3], GSM-EFR[4] 53 Z&
Hao &A RE3) ZFA EFAAMZ CELP 7I¥E
24 B53} gduz]ZQ ACELP (Algebraic CELP)[S]
ARgEtn ok 2719 £89 olFEA HEEM
GSM Al&RgAM s 34 $53 HA o2 13kbps RPE-
LTP (Regular Pulse Excitation-Long Term Prediction)& A8
gRou, Hods dodd Ad ERd T BH
A Bt Y& 3E AT A8 19963 GSM-EFR
(Enhanced Full Rate speech codec) 24 H33 E &<t
(GSM 06.60)[6]& A=At c) o] YAL [TU-TGT29 X
st fA1Ete] ACELP 24 F&3 wWAd 7|hke
Aed, 24 FxaE 98 122 kbps, Ad R
98 10.6 kbps o HIEEE @Iste] AA Ad
& 228 kbps 7} ®©r} ®=3§, GSM-EFR &4 #3
3 Al e Y o]FFEA EEL2=A], IMT-2000 o
Al A#E AMR (Adaptive Multi-Rate) &4 53} w4
o 717t H3 Yot
£ =8dAs MT2000 HF7] 34 g2r)olA AL
5% GSM-AMR &4 2&37le Mg dgozA
A4 A$ES /MR = GSMEFR 24 $¥353 Wae

fo 1l

il

=
5

ki
ey
+

2

-135-



DSP Group A}2] 0akDSP EVM (Evaluation Module) H.=
AolA AAros FTHIHC

2 =89 742 ugd I D304 GSM-EFR
&4 REs guEe FZE U 4¥HE £ I
FdAE GSM-EFR 24 %53 g¢uEe Az F
8 2 Asyrtel dis A dysim, niRwes
v @ MEe dE¢ gk

ol

II. GSM-EFR 84 253 214

GSM-EFR &4 %3371 20 ms o B Zede
AlgEe, @ ZHdUL S mso MEZHYoZ 1o
EMdE &4 733 F3diM B4 ZHdds g7
He HESE X134 2o

H 1.GSM-EFR 4 #3379 ZdE vE &%

1%& 30 P Total
P et subframe subframe fram‘:zer
2 LSP sets 38
Pitch delay 9 6 30
Pitch gain 4 4 16
Algebraic code 35 35 16
Codebook gain 5 5 20
Total (bit) 244

GSM-EFR &4 #3&3% ¢ugEFe £33 #3L& 1
13 20 195F3EEE 538 34 45 27
9] Aolg 30 ms o] HIthY FEFE Lt ¢ T
d 22 AEY 103 A oS AFE TH F LSP
(Line Spectral Pair) A2 W&k | X MAMoving
Average) &8 5% LSP 3] e = B 8Y %A
3} (Split Matrix Quantization (SMQ)E A}88t] Fxisigl
. Ag =R FAL A8 fA A5 RS A
SERCEE [17—2,143]4010%1 ARz A AT
Z gag Yo olFolt. 71F HEE AR
4 AE2RE o 0ms 9tk )EH NFE AAS
o] g3t o] MEZHYPultt HLZ Hi EHo] ofF
oA, A AT ojFo] ALt A HAAFE
AR A AEE ZEHE7] H8 o MERzHden
th4 2= (algebraic codebook) AHg3EHA W} o] =
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zEAAE Z o7|dE S& 19 A7E 7MAE 10
A9l non-zero H2BE FAHET. wetA, & MExd
dollA 4048 B2 AXE F MY d29E /HXE
sAe] Edoz vyo] RUldEc 39 #Ea 94X
t AS Z=E 24 I3 g AX UYL I Az o
& R=E Alojel A@o] Hdisl He e RALo=
A FHAT old, tFy ZEEK FRAAE 5HY
A 2ZTE E3 d4Roz HAFH P2 YXNE A
Huz Ao Zx9 24¢ £3& 28 + A
goh. 1y m=Ee olf ke MA AFS o88d
FAtgErt. GSMEFR 24 #3379 BE3 7Ad
Me d4d sErEE2FE LP gaing, 9, 2
Zg Qddx a3 o] gEE FE3tH, o] gein
EEE olgsld MRIHY 492 S5 E g3
A goh =9, 24" 489 S g8419171 9
3 FAe "elde AXA o

III. GSM-EFR &4 33712 &A?2t 28

2 AT A+8E 0akDSP Core & DSP Group, Inc.
9] 16 HIE 1H A£$3 DSPEA 40 MHz 9] & F
Fel 40 MIPS 9] AL TS 71, 16 HE d)o]E]
gt z2aW WAE AUt T8, JAYoE HAH
Rot FAFH Azl GEEoNA theFstA AMRH D 3l
v} OakDSP Core = %t HE§ DSP 9= €2 P HE2
A7) fEo) FF MT2000 B157] P2 @279
ASIC T 0]3}t}. QakDSP Core &) F8 E3& )
&3 #Zo

® 40MHz 5& F%4 (40 MIPS)

Single cycle multiply — accumulate instruction
36 bit ALU
4719 36 BIE A7

Single cycle exponent evaluation

Max/Min single cycle instruction with pointer latching
and modification

4 K word on-core memory, 6K word on-chip memory

® 64 k word maximum program memory space
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“LPC amabystss . _§o, ,',,pnc.h'n'n‘rchg . ddiptive pode
wiceperframe) . i {mwiceperfrome).

i np(‘im.éhﬂ' s

| memories for | ::

-} next subframe -

GSM-EFR 9| AAF L& EFHGSM 06.60)3 &
A AFEE 04 244 ¢ TEIWGSM 06.53) 2
Fo=2 0akDSP oA EE oz FEEUATh co Z
2EE ojiEe =T FEF F,Co| Ay FHE
st dAa=AE HFsr] s AlE HeE ol
A7tste) T ArEY HolBE FEE QB 3=
o A7tsted A#rt YRS gldkeith. GSM-EFR &
4 §53}7]8 0akDSP EVM RE oA AA7F 74
ol 3ol EF FuFE adiz FHE) H84
g Ao HASE THHA FHow, 0akDSP
Core o] 7% EAHEL o889 ANFE ZiA7IE
9 FAFEH % 2= 7E¥ GSMEFR &4 %33
719) 8 259 A ved Aol

H2 7¥Y F8 2E AN

353}7] AA (22.187 MIPS)
A5 0313MIPS | 13%
LPC ¥4 & ¥x3 5.396 MIPS | 22.4%
I3 Ay GIEX AA) 1.714MIPS | 7.1%
ASAER 2 o543 3.308 MIPS | 13.8%
IRZA=E 9 o|5%A 3 11.068 MIPS | 46.1%
e B % 0388MIPS | 1.6%
537 AA (1.844 MIPS)
ety 253 10499MIPS | 44%
Fxz] "y 0.760MIPS | 32%
7et EE 0035MIPS | 0.1%
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D& 1. GSM-EFR H353}7)9] 7|& EEx

| A | 24031MIPS | 100% |

TR 34 R385)E ETSION ASse 2E o
2E 9E|[719] disiM ¢ TEaHe +4 79 A
3 dxg A3RE =2k ® 34ME GSM-EFR 9 4
Az T3 AL S deg $g e

H 3.GSM-EFR 78 @3}

F337] B350 A
Program ROM | 5204 words | 1856 words | 7060 words
Data RAM 6394 words | 823 words 7217 words
Data ROM 4842 words | 127 words 4969 words

ANez TEE GSM-EFR &4 25379 ARA
A% WBHE 98 G721 (32 kbps ADPCM)3 EVRC
(Enhanced Variable Rate Codec) S4 ¥%3}7|9] EojAy
AFE vAEq E 49 Jebidth A8 FJrk g2
da] A1 gEE Ao2E SNR 3 segSNR, CD (Cepstral
Distance), BSD(Bark Spectral Distance) 0] .eu, A2
o g4 FEsy 5& By Fasride 28 2y
i BobeE AGA Y FHE Fu AL o
ol SNR 3 Ze A@H Zo oF Hri= I
Stk g2 B =RedAe AZq Agd A7 it
19l MNB (Measuring Normalizing Block) 1128 &[8]&
Algstel ad 29 go] ABA PYI1E Y5t X



404 B, 29 SNRo| A FaHA W= 2
g 493 AstEE ¢ ¢ Yt aE=R o E SNR
e Az g4 Ry £o AV Byt ER
Agat7lol AEskAl gk MNB dnEEE AHEE A
z sg7tolAlE= GSM-EFR ©] EVRC Al HI& £ 458
Bolol, ADPCM A= Hl&g %€ Holz AL & &
At} ol& F3 EVRC &4 FE3t7]9 B8] GSM-EFR

of & T AAH B4e F vt A T & Ak

S i i R T Synth q
Speech - Speech Coder speech
N o (enc/dec) o

. ; L i

T i Delay

rDelay H Estimation —[
Perceptual ST Perceptual
‘Transformation

2 E2=

. Audnory Distance .

-

28 3 MNB 2D 7]

H 4. Perceptual Measure (PM) 2 SNR =4 A3}

PM(0~1.0 SNR (dB)

G.721 | EFR [ EVRC | G.721 | EFR | EVRC
Malel 0814 | 0.832 | 0.701 | 16.115 | 4.142 | -1.121
Male2 0.824 [ 0.828 | 0.689 | 16.575 | 4.125 | -1.960
Male3 0.829 | 0.831 | 0.676 | 18.397 | 3.359 | -1.568
Femalel | 0.838 [ 0.837 [ 0.738 [ 21.815 | 10.487 | -3.450
Female2 | 0.794 ) 0.815 | 0.630 ] 23.213 | 7.233 | -1.983
Female3 | 0.819 [ 0.816 | 0.692 | 21.384 | 7.907 | -3.046
Average | 0.820 | 0.827 | 0.690 | 19.583 | 6.209 | -2.188
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£ =FdAME ¥E7) $2le] IMT2000 ©)5F4 &
LN A ALEEE GSM-AMR S4 H35317]9 HA4Y
A48 T=9l GSM-EFR &4 %5378 0akDSP Core
A AAre s TFEsHY FEE GSMEFR &4 2
&37]d) 289 AMFE F38rie B3| z7
22.187 MIPS ¢t 1.844 MIPS o|Q29, HQ g vire] 3
7= REAJ R} 7.06 Kwords, HloJE=|E &7} 12.19

Kwords ${th. 4% Z3, 78 GSMEFR &4 F353
7)E ETSIOIAM AFsts AR #He 4E28 =5 53
3o 0, MNB ¢18lES ©]83% 32 kbps ADPCM,
EVRC &4 FEzriste] Azt H{7 wag F3
GMS-EFR &4 F331719 ¢3¢ 4sg &Astrt
A2E GSM-EFR &4 HZ&71E IMT-2000 H) 57 %
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