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Piloto de Sistema de Comunicacién con VoWLAN Controlado por Comandos de Voz para un Entorno Hospitalario

ANEXO C: PRUEBAS DE COMPATIBILIDAD Y LA CALIDAD DE LA

RECEPCION DEL AUDIO DE CADA UNO DE LOS CODECS DEL SERVIDOR

CUANDO SE VARIAN LOS DEL CLIENTE

Debido a que en el servidor y los usuarios manejan softphones diferentes, dado
que estdn basados en sistemas operativos diferentes (Linux y Windows,
respectivamente) se realizan pruebas de compatibilidad entre los codecs de cada
uno de ellos, de esta manera trabajar con las parejas que permitan una entrega y
recepcion adecuada de los paquetes de voz.

CODECS DE SOFTPHONE X-LITE (CLIENTES):

CODECS DE SOFTPHONE SJPHONE (SERVIDORY):

Broadvoice-32
Broadvoice-32FEC
DVi4

DVI4 Wideband
ITU G711 ulaw
GSM

iLBC

L16PCM Wideband
ITU G711 alaw

GSM 6.10
iLBC-30ms
iLBC-20ms

Speex 15.2K
Speex 15.2K 40 ms
Speex 8.0K 40 ms
ITU G711 alaw

ITU G711 ulaw
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Piloto de Sistema de Comunicacién con VoWLAN Controlado por Comandos de Voz para un Entorno Hospitalario

En la figura C1 se puede observar al codec Broadvoice-32 del softphone X-lite del
cliente habilitado para probarlo con cada uno de los codecs del sjphone:

options x|
leneral Disabled codecs: Enabled codecs:
Advanced Eroadvoice-32 FEC BroadVoice-32
= CVI4 - |
E CWI4 Wideband
G711 alaw
= e
Audio Codecs G711 uLaw -
35M
g iLEC
@ | L1 PCM Wideband
Wideo Codecs
—Codec Properties
2
_}'El Description: I EBroadioice-32
M etwark,
Bitrate range (bps): I 48000 - I 43000
:‘)\9 Fidelity: | wideband {16000
Quality of Service Best Quality (PESQ): lllllllllllll
D 0.0 4.5
Diagnastics Apply | Fewverk | (o] 4 | Cancel |

Figura C1. Softphone X-lite con el codec Broadvoice-32 habilitado.

e GSM6.10 no compatibles
e ILBC-30ms no compatibles
e iLBC-20ms no compatibles
e Speex 15.2K no compatibles
e Speex 15.2K 40 ms no compatibles
e Speex 8.0K 40 ms no compatibles
e ITU G711 alaw no compatibles
e ITU G711 ulaw no compatibles

En la figura C2 se ve el resultado de la prueba en la consola de Asterisk.
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*CLI=

Oct
Oct
Oct
Oct
Oct
Oct
Oct
Oct

P R T LY [ S e et [

Parsing '/Jetc/asterisk/logger.conf': Found

bsterisk Event Logger restarted

Parsimg 'Jfetc/asterisk/manager.conf': Found
Parsing '/fetc/asterisk/enum. conf': Found
Parsing 'Jetc/asterisk/rtp.conf': Found

1&:
16&:
16:
1&:
16:
16:
1&:
1&:

= RTP Allocating from port rangs 10000 -= 200600
Asterisk Ready.

-- Registered SIP '2116"' at 172.16. 432. 8] port 54268 expires 3600
- Unregistered SIP 'servidor’
- Registerad SIP 'servidor' at 172.15.42.83 port 10008 expires 120
Registerad SIP '2151' at 172.16.42. 80 port GB20 expires 2600

11:
12:
13:
13:
14:
15:
1&:
1&:

51
3z
22
45
11
42
aE
a5

MOTICE[1348]:
HOTICE[13242]:
MOTICE[1348]:
HMOTICE[1242]:
ROTICE[1248]:
MOTICE[1348]:
HOTICE[1348]:
MOTICE[13248]:

chan =sip_c:
chan sap_ c
chan sip_c:
chan sip.c:
chan sip._c:
chan sip_c:
chan =i1p_c:
chan sip_c:

2773

*EEPERE

process sdp:
process_sdp:
process sdp:
process sdp:
process sdp:
process sdp:
process_sdp:
process_sdp:

Mo
Mo
M
Mo
Mo
M
Me
Mo

compatible
compatible
compatible
compatible
compatible
compatible
compatible
compatible

codecs!
codecs!
codecs!
codecs!
codecs!
codecs!
codecs!
codecs!

x
frchivg Editsr \Wer  Feminal | Solanes Augucda
= Parsing 'fetc/asterisk/cdr_odbe. conf': Found -
[edr sqlite. =a] => (S0Lite COR Backend)
— Parsing 'fetcsasterisksenum. conf': Found
= Parsing '/fetc/asteriskfextconfig. conf': Found

P —————————————— —————— = — ]
Figura C2. Resultado de la prueba con el codec Broadvoice-32
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En la figura C3 se puede observar al codec Broadvoice-32 FEC del softphone X-
lite del cliente habilitado para probarlo con cada uno de los codecs del sjphone:

options x|
eneral Disabled codecs: Enabled codecs:
Advanced Broadvaoice-32 Broadyoice-32 FEC

— DI4

E DWI4 Wideband

G711 alaw <
Audio Codecs G711 uLaw |
35M

g iLBC

a I L16 PCM Wideband

Wideo Codecs

.'.'Fl —Codec Properties
Cg Description: | Broadvoice-32 FEC

M etwark,

Bitrate range (bps): I 45000 - I 45000
&f) Fidelity: | Wideband { 16000)
fity of Servi
Felly of Service et qualty cPesc): AN EREERI
D 0.0 4.5
Diagnostics Apply | Rewert | oK | Cancel |

Figura C3. Softphone X-lite con solo el codec Broadvoice-32 FEC habilitado

e GSM6.10 no compatibles
e iLBC-30ms no compatibles
e iLBC-20ms no compatibles
e Speex 15.2K no compatibles
e Speex 15.2K 40 ms no compatibles
e Speex 8.0K 40 ms no compatibles
e ITU G711 alaw no compatibles
e ITU G711 ulaw no compatibles

En la figura C4 se ve el resultado de la prueba en la consola de Asterisk.
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Mer  Ferminal  Solapes

dpada

stop whan convenient

zap destroy channsl

skinny debug
skinny no debug
skinny show lines
soft hangup

stop gracefully
stop now  Shut

unlozd

List
Show
Show

zap show cadences
zap show channels
zap show channel

*CLI» sip show pesrs

Enable Skinny debugging
Disable Skinny debugging
Show defined Skinny lines per device
Request a hangup on a given channel
Gracefully shut down Asterisk

down Asterisk immediately

cadences
active zapata channels
information on a channel

Shut down Asterisk at empty call wolume
Urload a dynamic module by nama
Cestroy a channel

Name/username Host Dyn MNat ACL Mask Part Status
2114 {Unspecafied) o 255255 355255 @ Unmonitored
2116/2116 172.16.42. 81 8] 255.255.255. 255 54268 Unmonitored
2151/2151 172.16. 42, 808 D 233.2535.255. 2535 GBED Unmonitored
servidor/servid 172 16 42 B3 o 255255255255 1080 Unmenitored
-- Unregistered SIP '211&°
-- Registered SIP '2116' at 172.16. 42 .81 port 58180 expires 3600
Oct 7 16:22:02 NOTICE[1242]: chan sip. ¢ 2773 process =dp: ho compatible codecs!
Oct 7 16:22:49 NOTICE[1348]: chan sip c: 2773 process =dp: No compatible codecs!
Oct 7 16:2%:17 NOTICE[1242]: chan sip.c: 2773 process =dp: Mo compatible codecs!
Oct 7 16:28:07 NOTICE[1342]: chan sip c: 2773 process sdp: Mo compatible codecs!
Oct 7 16:29: 22 NOTICE[1342]: chan sip. c: 2773 process =dp. No compatible codecs!
Oct 7 16:234:02 NOTICE[1242]: chan sip c: 2773 process =dp: No compatible codecs!
Oct 7 16:40:13 NOTICE[1348]: chan sip. c: 2773 process =dp: fo compatible codecs!
Oct 7 16:40: 40 MOTICE[1242]: chan sip.c: 2773 process =sdp: No compatible codecs!

.

-

—-_—

Figura C4. Resultado de la prueba con el codec Broadvoice-32 FEC en la consola de Asterisk.
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En la figura C5 se puede observar al codec DVI4 del softphone X-lite del cliente
habilitado para probarlo con cada uno de los codecs del sjphone:

options x|
General Disabled codecs: Ernabled codecs:
Advanced Eroadvoice-32 DVI4
T Broadyaice-32 FEC - |
E CWI4 Wideband
G711 alaw
e -
Audio Codecs G711 uLaw -
35M
T iLBC
@ ' L1 PCM Wideband
Wideo Codecs
—Codec Propetties
2
_-"';']' Description: I 14
M etwark,
Bitrate range (bps): I 43500 - I 49500
?‘)\9 Fidelity: I Marrowband (S000)

Quality of Service Best Quality (PESQ: lllllll.ll
B

Diaghostics Apply | Revert | K | Zancel |

Figura C5. Softphone X-lite con solo el codec DVI4 habilitado.

e -GSM 6.10: la llamada se establece pero se escucha mucho ruido.

e -iLBC-30ms: la llamada se genera pero no se establece, en la figura C6 se
observa lo que aparece en la interfaz del cliente.

e -iLBC-20ms: sucede lo mismo que con el iLBC-30ms

e -Speex 15.2K: la llamada se establece pero hay mucho ruido que evita que se
escuche claramente.

e -Speex 15.2K 40 ms:sucede lo mismo que con el Speex 15.2K.

e -Speex 8.0K 40 ms: La llamada se establece pero el ruido es mayor que con
los codecs anteriores, se escucha muy mal.

e -|ITU G711 alaw: La llamada se establece pero se escucha muy lejos y con
mucho ruido.

e -ITU G711 ulaw: La llamada se establece pero se escucha muy lejos y con
mucho ruido.

Karol Viviana Mosquera Ldpez 6 Claudia Ximena Mufioz Rodriguez



Piloto de Sistema de Comunicacién con VoWLAN Controlado por Comandos de Voz para un Entorno Hospitalario

Figura C6. Softphone del cliente cuando no se establece una llamada

En las figuras C7 y C8 se ve el resultado de la prueba en la consola de Asterisk.

Asterisk Ready. A
*CLI= -- Executing Diali"SIP/2116-codl®, "SIP/servador|B68") in new stack
-- Called servidor
-- 8IP/servidor-cdf3 answered SIP/211G-cSd2
-~ Attempting native bridge of SIP/2116-c9d2 and SIP/servidor-cdfs
Gct 7 16:44: 25 WARNMING) 1442]: rip.c: 1418 ast rtp bridge: codecd = 32 is rot codecl = 2, cannot nativy
bridgs.
Spawn extension (dafault, 1, 1) exited nom-zers on 'SIP/2116-c9:2'
Executing Disli "SIP/2116-3sc3", "SIPfssrvidor|80") in rew stack
Called =servidor
Got SIP response 488 "Not Acceptable Hare" back from 172 16,42 .82
= Mo one 1s available to answar at this tima
Dot 7 16:45; 16 WARNING[ 1445] ;. pbx.c: 1949 ast_pbx_run; Timsout, but ro rule 't' in context 'default’
- Executing Daali "SIP/216-Todd", "SIPfservador|88") in new stack
-- Called servidor
- Got SIP response 488 “Mot Acceptable Here" back from 172,16 42.83
= No one 1s avallazble to answer at this time
Oct 7 16:45; 31 WARNING[ 1445): pbx.c: 1949 ast_pbx run: Timsout, but me rule 't' in context ‘default’
Exacuting Daali "SIP/INE-TTE", "SIPfsarvador|88") in naw stack
Callad servidor
-- S5IPfservidor-35a4 answer=d SIP/2116-772c
- Attempting native bridge of SIP/2116-772c and SIP/servidor-35a4
Bt 7 16:47:26 WARMING] 1442 rip.c: 1418 ast ritp hrirge: codecd = 32 is not codecl = 2, cannot nativel

Figura C7. Resultado de la prueba con el codec DVI4 en la consola de Asterisk
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-- Called servidor -
-~ SIP/servidor-f85f answered S5IP/2116-Se7c
-~ Attempting native bridge of SIP/2116-5e7c and SIP/servidor-fasf
(Oct 7 16:49: 45 WARNING[1470]: rip.c: 1418 ast ritp bridge: codect = 32 1s not codecl
ve bridage.
= Spawn extension (default, 1, 1) exited non-zero on 'SIPf2116-S5e7c’
-~ Executing Dial("SIP/2116-a268", "SIP/servidor|68") in new stack
-~ Called servidor
-- 5IP/servidor-Safb answered SIF/2115-3268
-~ Attempting native bridge of SIP/2116-a3268 and SIP/servidor-2afb
Oct 7 16:51:52 WARMIMNG[1472]: ritp.c: 1418 ast_rtp bridge: codec = 32 1s not codecl = 512, cannot nati
lve bridge.
= Spawn extension |default, 1, 1) exited non-zere on 'SIF/2116-a2658'
-- Exscuting Dial( "SIP/2116-f3c8", "SIP/servidor|68") in new stack
-- Called servidor
-~ SIP/servidor-709e answared SIP/2116-f3cB8
-- Attempting native bridge of SIP/2116-f3c8 and SIPfservidor-70%9
Oct 7 16:52; 46 WARMING[1422]: ritp.c: 1418 ast_rtp bradge: codecd = 32 is not codecl
bridge.
= Spawn extension (default, 1, 1) exited non-zero on 'SIP/2116-f3c8’
- Saved useragent "X-Lite release 18031 stamp 20942" for peer 2151
-- Exscuting Dial( "SIP/2116-6aas", "SIP/servidor|G8") in new stack
-- Called servidor
-~ STP/servidor-faSd answered SIP/2116-Gaaa
-- Attempting native bridge of SIP/2116-6aaa and SIP/servidor-faSd
Oct 7 16:54: 30 WARMING[1427]: ritp.c: 1418 ast_rtp bradge: codecd = 32 is not codecl
bridge.
= Spawn extension (default, 1, 1) exited non-zero on 'SIP/211G6-6a3aa’

R R OOO———,—~",

Figura C8. Resultado de la prueba con el codec DVI4 en la consola de Asterisk

512, cannot natli

g, cannot rative

4, cannot rative
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Piloto de Sistema de Comunicacién con VoWLAN Controlado por Comandos de Voz para un Entorno Hospitalario

En la figura C9 se puede observar al codec DVI4 Wideband del softphone X-lite
del cliente habilitado para probarlo con cada uno de los codecs del sjphone:

options x|
lieneral Disabled codecs: Enabled codecs:
Advanced Broadvoice-32 DVI4 Wideband
L Broadoice-32 FEC = |
E CwI4
G711 alaw
Audio Codecs G711 uLaw
35M
o iLBC
@ ' L1& PCM wideband
Wideo Codecs
—Codec Propetties
H .
) Description: | D¥I4 Wideband
BT S Bitrate range i(bps): I 81600 - I G1e00
?‘)\9 Fidelity: I Wideband (16000}
Guality of Service Biest Quality (PESCY:

0

Diagnostics

apply | Revert |

K

| Zancel |

Figura C9. Softphone X-lite con solo el codec DVI4 Wideband habilitado

¢ GSM 6.10: La llamada se establece, la voz se escucha poco debido al ruido.

e ILBC-30ms: La llamada se genera pero no se establece.

e LBC-20ms La llamada se genera pero no se establece.

e -Speex 15.2K: La llamada se establece, pero el ruido hace que no se entienda

claramente la voz.

e Speex 15.2K 40 ms: Sucede lo mismo que con el Speex 15.2K.

e Speex 8.0K 40 ms: Sucede lo mismo que con el Speex 15.2K

e ITU G711 alaw: La llamada se establece, la voz es un poco mas entendible
gue con los otros codecs, sin embargo sigue existiendo ruido.

e ITU G711 ulaw: lo mismo que con el ITU G711alaw.

En las figuras C10 y C11 se ve el resultado de la prueba en la consola de Asterisk.
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-- Reloading module 'cdr_odbc, so' (ODBC COR Backend) -
Unregistered 'ODEC' COR backend
Parsing 'fetc/fasteriskycdr odbc. conf': Found
- Reloading module ‘cdr_sqlite . so' (SOLite COR Backend)
- Executing Dial( "SIP/2116-43fe", "SIP/servidor|88") in new stack
- Called sarvidor
- S5IF/servidor-435h answered SIP/2116-43fe
- Attempting native bridge of SIP/2116-42fe and SIF/servidor-435h
Oct 7 16:57: 46 WARMIMG[1494]: rtp.c: 1418 ast_rip bridge: codecB = 32 is not codecl = 2, cannot native
bridge.
— Spawn extensien (default, 1, 1) exited non-zero on 'SIP/2116-43fs'
- Executing Diall "SIP/2116-972h", "SIP/=servidor|68") in new stack
- Called servidor
-- Got SIP response 488 "Not Acceptable Here" back from 172.16.42. 83
= Mo one 1s available to answsr at this time
Oct 7 17:02:37 WARMONG[1519]: pbx.c: 1949 ast_pbx mmn: Timecut, but no rule 't' 1in context ‘default’
- Executing Daalil "SIP/2116-a=33", "SIPfsarvidor|68") in new stack
-- Called sarvidor
- Got SIP response 488 "Mot Acceptable Here" back from 172 16.42.83
— Mo one i1s avallable to answer at this time
Oct 7 17:05:07 WARMING[1523]: pbx_c: 1949 ast pbx run: Timeout, but no rule 't! in context 'default!’
- Executing Diali "SIP/2116-45Fd", "SIP/servidor|88") in new stack
- Called servidor
-- SIP/sarvidor-0a4l answered SIP/21165-45fd
-~ Attempting native bridoe of SIP/2116-45Fd and SIF/servidor-0ad4l
Oct 7 17.05: 30 WARMIMG[1527]: ritp.c: 1418 ast rtp bridge: codecO = 32 is not codecl = 512, cannot nati
lve bridgs.
— Spawn extension (default, 1, 1) exited non-zero on 'SIP/2116-45fd’ AN

L =
Figura C10. Resultado de la prueba con el codec DVI4 Wideband en la consola de Asterisk
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Grohiwo Bdftar e Feminal | Solapas Apuda

-- Called servidor B
-- 5IP/servidor-b26a answered SIP/2116-6ffd
-- Attempting native bridge of SIF/2116-6ffd and S5IP/servidor-bZ6a
Oct 7 17:068: 44 WARMING[1562]: rtp.c: 1418 ast_rtp bridge: codec = 32 is not codecl
ve bridge.
= Spawn extension (default, 1, 1) exited rnon-zeroc on 'SIP/2116-6ffd!
-- Executing Dial( "SIP/2116-ff85", "SIPfservidor|68") in new stack
-- Called servidor
-- SIP/servidor-4625 answered SIP/2116-ffE5
-- Attempting native bridge of SIP/2116-ff85 and SIPF/servidor-4525
Oct 7 17:14:52 WARMOMG[156%]: ritp.c: 1418 ast_rtp bridge: codecO = 32 is not codecl = 512, cannot nati
ve bridge.
= Spawn extension (default, 1, 1) exited non-zeroc on 'SIP/211&6-ffE5°
-- Saved useragent "X-Lite release 18031 stamp 20942" for peer 2116
-- Executing Dial( "SIP/2116-3fdd", "SIPfservidor|68") in new stack
-- Called servidor
-- SIP/servidor-29b32 answered SIP/2116-3fdd
-~ Attempting native bridge of SIP/2116-3fdd and SIP/servidor-29b3
Oct 7 17:18: 34 WARMOIMG[1572]: ritp.c: 1418 ast_rtp bridge: codecd = 32 is not codecl = 8, cannot native
bridge.
= Spawn extension (default, 1, 1) exited non-zeroc on 'SIP/2116-3fdd’
-- Executing Dial( "SIP/2116-=8d3", "SIP/servidor|88") in new stack
-- Called servidor
—- 8IP/servidor-0978 answered SIP/2116-=0d3
—- Attempting native bridge of SIP/2116-20d2 and SIP/servidor-037c
Oct 7 17:19:05 WARMING[1522]: rtp.c: 1418 ast_rtp bridge: codecO = 32 is not codecl = 4, cannot native
bridge.
= Spawn extension (default, 1, 1) exited non-zeroc on 'SIP/2116-e0d3!

512, cannot nati

Figura C11. Resultado de la prueba con el codec DVI4 Wideband
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En la figura C12 se puede observar al codec ITU G711 ulaw del softphone X-lite
del cliente habilitado para probarlo con cada uno de los codecs del sjphone:

options x|
General Disabled codecs: Enabled codecs:
Advanced Broadvaice-32 G711 ulaw
= Broadioice-32 FEC - |
P DYI4
CWI4 Wideband
. '::_
Audio Codecs G711 alaw -
35M
o iLBC
L1A PiCM Wideband
Wideo Codecs i
— Codec Properties
2
_,.-‘d], Description: I G711 ulaw
Metwork Bitrate range (bps: I S0000 - I 0000
Fidelity: I Marrawband (3000)
Cuality of Service
! eest cuaity (Pes: [IMAAHEHEEER
D 0.0 4.5
Diagnostics apply | Rewverk | (0] 4 | Cancel |

Figura C12. Softphone X-lite con solo el codec ITU G711 ulaw habilitado
e GSM 6.10: La llamada se establece, se presenta un poco de retardo y el ruido
ya no es perceptible.
e ILBC-30ms: La llamada se genera pero no se establece.
e LBC-20ms La llamada se genera pero no se establece.
e Speex 15.2K: La llamada se establece, pero la voz se escucha cortada.

e Speex 15.2K 40 ms: La llamada se establece, la voz se escucha mas
claramente que con el Speex 15.2K.

e Speex 8.0K 40 ms: La llamada se establece, la voz se escucha claro pero
presenta retardo significativo. Cuando se habla de retardo significativo o
considerable es de mas de 500ms.

e ITU G711 alaw: La llamada se establece, la voz es clara, entendible y se
presenta poco retardo.

e |ITU G711 ulaw: La llamada se establece, la voz es clara, entendible pero se
presenta un retardo significativo.

En las figuras C13 y C14 se ve el resultado de la prueba en la consola de Asterisk.
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- Executing Daal("SIP/2116-be57", "SIP/fservidor|68") in new stack
- Called servidor
- Got SIP response 4828 "Not Acceptable Here" back from 172.16.42. 83
= Mo one 1s avallable to answer at this time
Jet 7 O17:51:10 WARMING[1741): pbx.c:199 ast pbx run: Timecout, but no rule 't' in context 'default’
- Executing Diall "SIP/2116-c744", "SIP/servidor|68"] in new stack
-- Called servidor
- Got SIP response 488 "Not Acceptable Here" back from 172.16.42 83
= Mo one is available to answer at this time
Jet 7 17:51:51 WARMING[1745]: pbx.c: 199 ast pbx run: Timecut, but no rule 't' 1in context 'default’
-- Executing Daal("SIP/2116-fcoh", "SIP/servidor|68") in new stack
-~ Called servider
- 5IP/servidor-B369 answered SIP/2116-fc9b
- Attempting native bridge of SIP/2116-fcSbh and SIP/servidor-2369
Jet 7 17:54: 06 WARMING[1749]: ritp.c: 1418 ast rtp bridge: codect = 4 is not codecl = 512, cannot nativ
a3 bridge.
— Spawn extension (default, 1, 1) exited non-zero on 'SIP/2116-fc9b!'
i -- Executing Daali"SIP/Z116-Ff66d", "SIP/servaidor|B8"] in new stack
-- Called servidor
- 5IP/serwvidor-laSh answered SIF/2116-f66d
- Attempting native bridge of SIP/2116-fE&d and SIP/servidor-laSh
Jct 7 180320 WARMING[1758]: ritp.c: 1418 ast_rtp bridge: codecd = 4 is not codecl = 512, cannot nativ
= bridge.
= Spawn extension (default, 1, 1) exited non-zero on 'SIP/2116-fGEd'

Figura C13. Resultado de la prueba con el codec ITU G711 ulaw
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= " Astensk Console on GHTT2 {pid 1421}

FS
—

frohiva Edear W eminel | Solapas  Apuda

= Parsing '/fetcfasteriskfcdr odbc.conf!: Found
- Reloading module 'cdr_sglite. so' (S0Lite COR Backend)
-- Executing Daali"SIP/2116-65ex", "SIPfservidor|B8") in new stack
-~ Called servidor
-~ S5IP/servidor-s801l answered SIP/2116-G5ea
-- Attempting native bridge of SIP/2116-65=a and SIP/servidor-z801
Oct 7 18:04; 31 WARMING[1774]: rtp.c:1418 ast ritp bridge: codecd = 4 15 not codecl = 512, cannot nativ
e bridge.
= Spawn extension (default; 1, 1) exited mon-zero on 'SIP/2116-GSea'
-- Executing Daal("SIP/2116-d258", "SIP/servidor|68") in new stack
-- Called servidor
- SIF/servidor-bclS answered SIF/2116-d250
- Bttempting native bridge of SIP/2116-d250 and SIP/servidor-bclS
Oct 7 18:06:16 WARMING[1720]: rtp.c: 1418 ast rip bridge: codecO = 4 1s not codecl
& bridge.
— Spawn extension [default, 1, 1) exited non-zeroc on 'SIP/2116-d250'
-— Executing Daial("SIP/2116-1%9%==", "SIP/servidor|68"] in new stack

512, cannot nativ

-~ Called servidor
-- S8IP/servidor-afac answered SIP/2116-19ee
- Attempting native bridge of SIP/2116-19ee and SIP/servidor-afac
Oct 7 180730 WARMING[1724]: rtp.c: 1418 ast ritp bridge: codect = 4 is not codecl
bridge.
= Spawn extension (default, 1, 1) exited non-zero on 'SIP/2116-1%9se’
-- Executing Diali "SIP/2116-dc2d", "SIPfservidor|B68") in new stack
- Called sarvidor
- 5IP/serwvidor-1f84 answered SIF/2116-dc2d
-- Attempting native bridge of SIP/2116-dc2d and SIP/servidor-1f24
— Spawn extension (default, 1, 1) exited non-zero on 'SIP/2116-dc2d'

i =l
Figura C14. Resultado de la prueba con el codec ITU G711 ulaw

g, cannot native
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Piloto de Sistema de Comunicacién con VoWLAN Controlado por Comandos de Voz para un Entorno Hospitalario

En la figura C15 se puede observar al codec GSM del softphone X-lite del cliente
habilitado para probarlo con cada uno de los codecs del sjphone:

options x|
General Disabled codecs: Enabled codecs:
Advanced Broadvoice-32 G5M
= Broadyoice-32 FEC -
B |
CLWI4 Wideband
. .::_
Audio Codecs G711 alaw -
o G711 ulaw
'a' ' LB
L16 PCM Wideband
Wideo Codecs
._'Fl — Codec Properties
7

Mehwark Description: I a5M

QR Bitrate range (bps): I 30000 - I 30000

Quality of Service Fidelit:y: I Nattowband (8000)
D gest quaity pescy: |IIIIAHEREN
0.0 4.5
Diagnostics
apply | Fewvert | (0] 4 | Cancel |

Figura C15. Softphone X-lite con solo el codec GSM Wideband habilitado

e GSM 6.10: La llamada se establece, la voz es entendedible y el retardo no es
muy significativo.

e ILBC-30ms: La llamada se genera pero no se establece.

e LBC-20ms La llamada se genera pero no se establece.

e Speex 15.2K: La llamada se establece, se presenta retardo considerable y la
voz se escucha lejos (poco volumen).

e Speex 15.2K 40 ms: La llamada se establece, la voz no se entiende debido a
gue se presenta bastante ruido.

e Speex 8.0K 40 ms: La llamada se establece, la voz se escucha un poco mejor
gue con el Speex 15.2k de 40 ms pero presenta retardo considerable.

e ITU G711 alaw: La llamada se establece, la voz es clara, entendible y se
presenta poco retardo.

e |ITU G711 ulaw: La llamada se establece, la voz es clara, entendible pero se
presenta un retardo significativo.

En las figuras C16 y C17 se ve el resultado de la prueba en la consola de Asterisk.
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‘] [ AR ek ool 2o Sl T2 | _Eallxh
frchvo Edear M Remansl Solapas  Ayuda
= Unregistered 'pgsql' COR backend et

FParsing '/Jetc/asterisk/cdr_pgsql.conf': Found
-- Reloading mocdule 'cdr odbc.so' (ODBC COR Backend)
— lUnregistered 'ODBC' CDOR backend
=— Parsing '/etc/asterisk/ecdr odbe. conf': Found
-- Reloading module 'cdr_sglite.so' (SOLite CDR Backend)
-- Executing Daal( "SIP/2116-TFac", "SIP/servador|88") in new stack
-- Called servidor
-- 5IP/servidor-16d7 answered SIP/2116-776C
-- Attempting native bridge of SIP/2116-776c and S5IP/servidor-16d7
= Spawn extension [default;, 1, 1) exited rnon-zero on 'SIPf2116-776c!
-~ Executing Dial("SIP/Z16-dbdf", "SIP/servidor|68") in new stack
-- Called servidor
-~ Got SIP response 488 "Not Acceptable Here" back from 172.16.42. 83
= Mo one i1s avallable to answer at this time
Oct 7 18:14: 41 WARRONG[1209]: pbx. c: 199 ast pbx run: Timeout, but no rule 't' 1n context 'default'
-~ Executing Diali "SIP/2116-3848", "SIP/servador|68") in new stack
-- Called servidor
-- Got SIP responss 488 '"Not -Acceptable Here! back from 172.16.42.83
= Mo one is avallable to answer at this time
Oct 7 12:15: 22 WARMING[1513]: pbx.c:1949 ast pbx run: Timeout, but mo rule 't' in context 'default’
-- Executing Diall "SIP/2116-4aac", "SIP/servidor|68") in new stack
-- Called servidor
-- SIP/servidor-3acl answered SIP/2116-4aac
-~ Attempting native bridge of SIP/2116-4aac and SIP/servidor-3ach
Oct 7 18:15: 41 WARMING[1512]: ritp.c: 1418 ast rtp bridge: codeci = 2 is not codecl = 512, cannot nativ
e bridge.
— Spawn extension (default, 1, 1) exited non-zero on 'SIP/2116-4aac!

L]

Figura C16. Resultado de la prueba con el codec GSM en la consola de Asterisk
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1= Retersk Console on GHTT2' {pid TA2D))

frchivo Edtar Mo Jeminal Solapes Aguda

-- Executing Dial("SIP/2116-5638", "SIP/servidor|68") in new stack |
-~ Called servidor
SIP/servidor-0477 answerad SIP/2116-5630
Attempting native bridge of SIP/2116-5630 and SIP/servidor-0477
Oct 7 18:16:;56 WARMING[1545]: ritp.c: 1418 ast_rtp bridge: codecd = 2 is not codecl = 512, cannot nativ)
e bridge.
= Spawn extension (default, 1, 1) exited rnon-zero on 'SIP/2116-5630°
-- Executing Dial| "SIPf2116-7hdd", "SIP/servidor|B88") in new stack
-- Called servidor
5IP/servidar-bba? answered S5IP/2116-Thd4
-- Attempting native bridge of SIP/2116-7hd4 and 5IP/servidor-bba?
Oct 7 12:18:18 WARMING[1251]: rip.c:1418 ast_rip bridge: codect = 2 is not codecl = 512, cannot nativ
2 bridge.
= Spawn extension (default, 1, 1) exited non-zero on 'SIP/2116-7hd4!
-~ Executing Dial("SIP/2116-4acd", "SIP/servidor|88") 1n new stack
Called servidor
SIP/servidor-99z1 answered SIP/2116-4aced
Attempting native bridge of SIP/2116-4acd and SIP/servidor-S9esl
Oct 7 18:19%: 23 WARMING[1855]: rtp.c: 1418 ast rtp bridge: codecd = 2 is not codecl = 8, cannot native
bridge.
— Spawn extension (default, 1, 1) exited non-zero on 'SIP/2116-4acd!
Executing Daali "SIP/2116-4257", "SIPfservidor|B8") in new stack
Called servidor
-- 5IP/servidor-d28l answered SIP/2116-4257
Attempting native bridge of SIP/2116-4257 and SIP/sarvidor-d281
Oct 7 18:20: 28 WARNMING[1259]: ritp.c:1418 ast_rtp bridge: codecd = 2 is ot codecl = 4, cannot native
bridge.
=— Spawn extension [(default, 1, 1) exited non-zero on 'SIP/2116-4257'

Figura C17. Resultado de la prueba con el codec GSM en la consola de Asterisk

Karol Viviana Mosquera Ldpez 17 Claudia Ximena Mufioz Rodriguez
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En la figura C18 se puede observar al codec iLBC del softphone X-lite del cliente
habilitado para probarlo con cada uno de los codecs del sjphone:

options x|
General Disabled codecs: Enabled codecs:
Advanced Broadvoice-32 iLEC
= Broadyoice-32 FEC -
F =
DvI4 wWideband - |
Audio Codecs G711 alaw
G711 uLaw
o G5M
@ ' L1 PiCM Wideband
Wideo Codecs
—Codec Properties
2
d, | Description: [iLec
M etwark,
Bitrate range (bps): I 239500 - I 29500
e Fidelity: I Marrowband (S000)

[uality of Service Best Cuality (PESCH: lllllllllll
D 0.0 4.5

Diagnostics aply | mevert [[ o | canesl |

Figura C18. Softphone X-lite con solo el codec iLBC Wideband habilitado

e GSM 6.10: La llamada se establece, la voz es entendedible y el retardo no es
muy significativo.

e LBC-30ms: La llamada se establece pero no se escucha la voz en el receptor.
e iLBC-20ms: La llamada se genera pero no se establece.

e Speex 15.2K: La llamada se genera pero no se establece.

e Speex 15.2K 40 ms: La llamada se genera pero no se establece.

e Speex 8.0K 40 ms: La llamada se genera pero no se establece.

e ITU G711 alaw: La llamada se establece, la voz es clara, entendible pero el
retardo es significativo.

e |ITU G711 ulaw: La llamada se establece, la voz es clara, entendible y se
presenta un retardo menor que con el codec ITU G711 alaw.

En las figuras C19 y C20 se ve el resultado de la prueba en la consola de Asterisk.
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— Parsing 'fetcfasterisk/cdr_pgsql.conf': Found &

- Reloading module 'cdr_odbc, so' (0DBC COR Backend)
= Unregistered '0ODBC' COR backend
= Parsing 'setcfasterisk/cdr_odbc.conf': Found
- Reloading module 'cdr_sglite.so' (S0Lite CDR Backend)
- Executing Dial("SIP/2116-2486", "SIPfservidor|68") in new stack
-~ Called servidor
- 5TP/servidor-f5f7 answered SIP/2116-a406
- Attempting native bridge of SIP/2116-2406 and SIP/servidor-f5f7
Oct 7 18:23: 36 WARMING[1275]: rtp.c:1418 ast rtp bridge: codecd = 1024 1s not codecl = 2, cannot nati
ve bridge.
= Spawn extension (defzult, 1, 1) exited non-zero on 'SIP/211G6-a406'
-- Executing Diali"SIP/2116-b4Ff3", "SIPfservidor|88") in new stack
-- Called servidar
- 5IF/servidar-7722 answered SIP/2116-b4f3
- Attempting native bridge of SIP/2116-b4Ff3 and SIP/servidor-7722
Oct 7 12:24:25 NOTICE[1279]: ritp.c:518 ast ritp read: Unknown RTP codec 92 received
— Spawn extension (default, 1, 1) exited non-zero on 'SIP/2116-b4f3'
- Executing Daali "SIP/2116-a283", "SIP/servador|B8") 1n new stack
- Called servidor
- Got SIP response 488 "Not Acceptable Here" back from 172.16. 42 .83
= Mo orme 1s avallable to answer at this time
Oct 7 18:25: 23 WARNING[1253]: pbx.c: 1949 ast pbx run: Timecout, but no rule 't' in context 'default’
- Executing Daal("SIP/2116-dcBl", "SIPfservidor|B8"] in new stack
- Called sarvidor
- Got S5IF response 4828 "Not Acceptable Here" back from 172 16, 42,83
= No ona is avallable to answer at this time
Oct 7 18:26:05 WARNIMG[1290]: pbx.c:1949 ast pbx run: Timeout, but no rule 't' in context 'default’

Figura C19. Resultado de la prueba con el codec iLBC en la consola de Asterisk
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= DAETEPELONEoIE O il Ny 1
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-— Reloading module ‘cedr_odbc. se' (ODBC CODR Backend)
Unregistered 'ODBC' COR backend
Parsing '/fetc/asteriskscdr_odbc. conf': Found
-~ Reloading module ‘cdr_sqglite.so' [S0Lite CODR Backend)
-- Exscuting Dial( "SIP/2116-8baf", "SIP/servidor|68") in new stack
-~ Called servidor
-- Got SIF response 488 "Mot Acceptsble Here" back from 172.15. 42 B3
— Mo one is available to answer at this time
Cct 7 12:26: 56 WARMING[1915]: pbx.c:1949 ast_pbx run: Timeout, but no rule 't' 1n context 'default’
- Executing Daal( "SIP/2116-fafa", "SIP/servidor|68") in new stack
-~ Called servidor
-- Got SIP response 438 "Mot Acceptable Here' back from 172.15, 42 83
— Mo one is svailable to answer at this time
Oct 7 18: 2746 WARMING[1919]: pbx.c: 1949 ast_pbx run: Timeout; but no rule 't' 1n context 'default’
-— Executing Daali "SIP/Z116-1724" "SIP/servidor|88") in new stack
-- Called servidor
-~ S5IP/servidor-=2ce answered SIF/2116-1724
- Attempting native bridge of SIP/2116-1724 and SIP/servidor-e2ce

| »

Oct 7 18:28:00 WARMING[1922]: rtp.c: 1418 ast_rtp bridge: codecd = 1024 1s not codecl = 8, cannot nati
ve bridge.
= Spawn extension (default, 1, 1) exitsd non-zars on 'SIPFf2116-1724"
-~ Executing Dial( "SIP/2116-d82f", "SIP/servidor|68") in new stack
-- Called servidor
-- SIP/servidor-fd34 answered SIP/2116-d0O2f
-~ Attempting native bridge of SIP/2116-d02f and SIP servidor-fdS4
Cct 7 128:28:45 WARMING[1926]: rip.c: 1418 ast_rtp bridge: codecd = 1824 1s not codecl = 8, cannot nati

ve bridge.
— Spawn extension |(default, 1, 1) exited non-zero on 'SIF/2116-dO2f!

—

Figura C20. Resultado de la prueba con el codec iLBC en la consola de Asterisk
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En la figura C21 se puede observar al codec L16PCM Wideband del softphone X-
lite del cliente habilitado para probarlo con cada uno de los codecs del sjphone:

options x|
General Disabled codecs: Enabled codecs:
Advanced Broadvoice-32 L16 P wWideband
= Broadioice-32 FEC -
B |
OYI4 Wideband -
; -
Audio Codecs G711 alaw
G711 uLaw
g G5M
M iLBC
Wideo Codecs
— Codec Properties
2
_-"51 Drescription: I L1& PCM Wideband
Hetwork,
Bitrate range (bps): | Z7EO00 - | 272000
:‘)\9 Fidelity: | wideband (160007
Quality of Service Best Quality (FESQ):
Diagnostics Apply | Reverk | Ok | Cancel |

Figura C21. Softphone X-lite con solo el codec L16PCM Wideband habilitado.

e GSM6.10 no compatibles
e ILBC-30ms no compatibles
e iLBC-20ms no compatibles
e Speex 15.2K no compatibles

e Speex 15.2K 40 ms no compatibles
e Speex8.0K40ms  nocompatibles
e ITU G711 alaw no compatibles
e ITU G711 ulaw no compatibles

En la figura C22 se ve el resultado de la prueba en la consola de Asterisk.
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Oct 7 18:33:
Oct 7 18: 34:
Oct 7T 18:34:
Oct 7 18:34:
Det 7 18:35:
Oct 7 18:35:

18:

ok ]
a7
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26
48
)]
28

-~ Reloading module 'cdr_pgsogl. so!
= Unregistered 'pgsql' COR backend
= Parsing '/etc/asterisk/cdr_pgsql.conf': Found

- Reloading module 'cdr_odbc. seo' (ODBC CDR Backend)

= Unregistersd 'ODBC' CDR backend
— Parsing 'fetc/asterisk/cdr_odbc.conf': Found
- Reloading module 'cdr_sqlite.so' (SOLite COR Backend)
21:42 NOTICE[1429]: chan sip c: 2773 process sdp: Mo compatible codecs!
HOTICE[1423]:
NOTICE[1429]:
MOTICE[1423]:
MOTICE[1429]:
HOTICE[1429]:
HOTICE[1423]:
HOTICE[1429]:

chan sap.c
c:

chan =ip.
chan =ap.
chan =sip.
chan =ap.
chan =ip.
chan =sip.

(True Call OQuesusing)

- Added extension '2116' priority 1 to default
- Added extension '2114' priority 1 to default
-~ Reloading module 'app_voicemail. so!
— Parsing '/fetc/fasterisk/voicemail.conf': Found
- Reloading module 'app_queus. so'
= Parsing '/etc/asterisk/queues, conf': Found

- Reloading module 'app_enumlockup. so' (ENMUM Lookup)
= Parsing '/etc/asterisk/enum.conf': Found
- Reloading module 'app_txtcidhname.so' (THETCIDName)
= Parsing '/Jetc/asterisk/enum. conf': Found

-- Reloading module ‘cdr_csv.so' (Comma Separated Values COR Backend)
- Reloading module 'cdr_manager.so' [Asterisk €3l Manager COR Backend)
= Parsing '/fetc/asterisk/cdr_manager.conf': Found

{PostgreSOL COR Backend)

i e el

3333333

process sdp:
process sdp:
process sdp:
process =dp:
process sdp:
process sdp:
process =dp:

Na
Mo
MNex
M
No
[{[=]
Na

compatible
compatible
compatible
compatible
compatible
compatible
compatible

{Comedian Mail (Volcemall System))

codecs!
codecs!
codacs!
codecs!
codacs !
codecs!
codecs!

| »

Figura C22. Resultado de la prueba con el codec L16PCM Wideband en la consola de Asterisk
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En la figura C23 se puede observar al codec ITU G711 alaw del softphone X-lite
del cliente habilitado para probarlo con cada uno de los codecs del sjphone:

options x|
General Disabled codecs: Enabled codecs:
Advanced Broadvaice-32 G711 alaw
— Broadioice-32 FEC - |
i DYI4
CYI4 Wideband
. -
Audio Codecs G711 uLaw -
- G3M
'a ‘ iLBC
L16 PCM Wideband
Wideo Codecs
2
—’:i-]' —Codec Properties
MNetwork Description: I G711 alaw
j\f} itrate range (bps):  |80000 - | 60000
Cluality of Service Fidelity: I Marrowband (2000}
D Eest Quality (PESC):
Diagnostics
apply | Reverk | K | Zancel |

Figura C23. Softphone X-lite con solo el codec ITU G711 alaw habilitado.

e GSM 6.10: La llamada se establece, la voz es entendedible aunque se
escucha a un volumen bajo y el retardo es significativo.

e LBC-30ms: La llamada se genera pero no se establece.
e LBC-20ms: La llamada se genera pero no se establece.

e Speex 15.2K: La llamada se establece, la voz es entendedible aunque se
escucha a un volumen bajo y el retardo es significativo.

e Speex 15.2K 40 ms: La llamada se establece, la voz es entendedible aunque
se escucha a un volumen bajo y el retardo es significativo pero menor que con
el codec Speex 15.2K.

e Speex 8.0K 40 ms: La llamada se establece, la voz es entendedible aunque
se escucha a un volumen bajo y el retardo es significativo.

e ITU G711 alaw: La llamada se establece, la voz es clara, entendible pero se
presenta un retardo no considerable.

e |ITU G711 ulaw: La llamada se establece, la voz es clara, entendible y se
presenta un retardo no considerable.

En las figuras C24 y C25 se ve el resultado de la prueba en la consola de Asterisk.
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Reloading module 'cdr_odbc. so' (0ODBC COR Backend) -
= Unregisteresd '0DBC' COR backend
— Parsing '/fetc/asterisk/cdr_odbc.conf': Found
-- Reloading module 'edr_sglite. so' (S0Lite COR Backend)
- Executing Diall "SIP/2116-2F4h", "SIPfservidor|68") in new stack
Called servideor
SIF/servidor-48aa answered SIP/2116-2f4b
Attempting native bridge of SIP/2116-2f4bh and SIP/servidor-48aa
pet 7 17:21:52 WARMIMNG[1514]: ritp.c:1418 ast rtp bridge: codecd = B is not codecl = 2, cannet native
(ridge.
— Spawn extension (default, 1, 1) exited non-zero on 'SIP/2116-2f4b!
-- Executing Daall"SIP/2116-TF8a3", "SIP/servador|58") 1n new stack
-- Called servidor
Got SIP response 488 "Mot Acceptable Here" back from 172.16.42. 83
= Mo one 1s awvailable to answer at this time
Pct 7 17:23:04 WARHING[1512]: pbx. c:1949 ast_pbx mmn: Timeout, but no rule 't' 1in context 'default’
- Executing Diali "SIP/2116-3b2e", "SIP/servidor|68") 1n new stack
-— Called servidor
Got SIP response 488 "Mot Acceptable Hare" back from 172.16 42 83
= Mo one is awvailable to answer at this time
Pet 7 17:25:05 WARMING[1522]: pbx. c: 1949 ast pbx rmn: Timeout, but mo rule 't' in context 'default
-~ Executing Diall "SIP/2116-c46a", "SIF/servidor|B88") in new stack
-— Called servidor
SIP/servidor-Thfd answered SIP/2116-c4Ba
Attempting native bridge of SIP/211l6-c46a and SIP/servidor-7hid
Pct 7 17:25:42 WARNING[1G622]: rip.c: 1418 ast_rip bridge: codec = 8 1s not codecl = 512, cannot nativ
bridge.
— Spawn extension (default, 1, 1) exited non-zero on 'SIF/2116-c46a’ -

Figura C24. Resultado de la prueba con el codec ITU G711 alaw
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Parsing '/Sfetc/asterisk/cdr odbc.conf': Found

-~ Reloading module 'cdr_sqlite.so' (SOLite COR Backend)

-- Executing Daial("SIP/2116-0483", "SIP/servidor|B88") 1n new stack
-- Called servidor

-- 8IP/servidor-a8lh answered SIP/2116-0483

- Attempting native bridge of SIP/2116-0482 and SIP/servidor-zflb

7 17:35:. 04 WARNING[1701]: ritp.c:1418 ast_rtp bridge: codecd = 8 is not codecl

dge.

Spawn extension (default, 1, 1) exited non-zero on 'SIP/211E-0483'
-~ Executing Diall"SIP/2116-3c21", "SIP/servador|B88") 1n new stack
-- Called servidor

-~ 5IF/sarvidor-84se answered SIF/2116-3c2l

- Attempting native bridge of SIP/2116-3c21 and SIF/servidor-S4=e

T 17:36: 22 WARMING[1707]: rip.c:1418 ast rtp bridge: codecd = 2 15 net codecl
e bridge.
— Spawn extension (default, 1, 1) exited non-zero on 'SIF/2116-3c31!

- Executing Diali"SIP/2116-34d3", "SIP/servidor|6E8") in new stack

-~ Called servidor

-- S§IP/servidor-0ab9 answered SIPF2116-34d3

-- Attempting native bridge of SIF/2116-34d3 and SIP/servidor-dabs
Spawn extension [default, 1, 1} exited rnon-zero on 'SIF/2116-24d3!
-- Executing Daial("SIP/A16-bBSk", "SIP/servidor|88") 1n new stack
-~ Called servidor

- 8IP/servidor-8e38 answered SIP/2116-b8Sh

-~ Attempting mative bridge of SIP/2116-bBSb and SIP/servidor-Ee38
Oct 7 17:42:22 WARMING[1717]: rtp.c: 1418 ast_rtp bridge: codecd = 8 is not codecl = 4, cannot native
bridge.

= Spawn extension (default,

1, 1) exited non-zero on 'SIP/2116-b85k'

512,

=12,

[ »

cannot nativ

cannot nativ

Kl

Figura C25. Resultado de la prueba con el codec ITU G711 alaw
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