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New Appendix X For Y.1541
Appendix X

Speech Quality Calculations for Y.1541 Hypothetical Reference Paths

X.1
Introduction

One of the many applications of Y.1541 IP Network QoS Classes will be Voice over IP, or VoIP.  It is possible to estimate the speech quality of IP Networks using the G.107 Transmission planning tool, also known as the E-model.
X.2
Reference Connection

Appendix III of Y.1541 gives assumptions and configuration details of calculations for Network (UNI-UNI) and endpoint delay.  The example endpoint assumptions include codec (G.711), packet size, packet loss concealment, de-jitter buffer size, etc. Alternate speech codecs with lower bit rates, alternate packet sizes, and other variations are possible.

The following figure gives the reference connection for this analysis.
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Figure 1 - Reference Connection

Additional details on the reference end-systems may be found in Appendix III/Y.1541.

Table 1 - E-model Parameters
	Parameters
	Model Input Values (G.107 Default)

	Electric Circuit Noise Referred to at the 0 dBr point
	Nc     (-70)
	-70.0
	dBm0p

	Room Noise (Send)
	Pos     (35)
	35.0
	dB(A)

	Room Noise (Receive)
	Por     (35)
	35.0
	dB(A)

	Send Loudness Rating
	SLR      (8)
	8.0
	dB

	Receive Loudness Rating
	RLR      (2)
	2.0
	dB

	D-factor (Send)
	Ds        (3)
	3.0
	

	Listener's Sidetone Rating
	LSTR  (equ.)
	18.0
	dB

	Noise Floor
	Nfor   (-64)
	-64.0
	dBmp

	Sidetone Masking Rating
	STMR  (15)
	15.0
	dB

	Quantizing Distortion Units
	qdu       (1)
	1.0
	units

	Mean One-Way Delay
	T          (0)
	150.0
	ms

	Talker Echo Loudness Rating
	TELR   (65)
	65.0
	dB

	Weighted Echo Path Loss
	WEPL  (110)
	110.0
	dB

	Absolute Delay from (S) to (R) 
	Ta        (0)
	150.0
	ms

	Round-Trip Delay
	Tr        (0)
	300.0
	ms

	Equipment Impairment Factor
	Ie         (0)
	0.0
	

	Expectation Factor
	A          (0)
	0.0
	

	D-factor (Receive)
	Dr        (3)
	3.0
	


We have assumed the default values for all parameters, except T, Ta, and Tr. The mean absolute 1-way delay was calculated using 100 ms for network delay (UNI-UNI, conforming to the QoS Class 0 objective) and 50 ms for the end-terminal, including G.711 packetization and de-jitter buffer (100+50=150ms=T=Ta=Tr/2). Here, R=89.5.

Packet loss also influences speech quality. We include a column below where approximately 0.1% loss results in Ie(1.9 when packet loss concealment is Repeat 1, followed by silence, and Ie(0.5 with G.711 Appendix I PLC.

Appendix III/Y.1541 also provides calculations showing longer mean network delays, and larger terminal delays. The table below summarises the findings.

Table 2 - E-model results with Y.1541 Hypothetical Reference Paths and End-Terminals
	Network, Mean    1-way delay, ms
	Terminal Mean    1-way delay, ms
	Total, Mean    1-way delay, ms
	Packet size, ms
	Packet Loss Conceal.
	R, no loss 
	R, with  ~0.1% packet loss
	Y.1541 QoS Class

	100
	50
	150
	10
	Rpt.1/Sil
	89.5
	87.6
	0

	100
	80
	180
	20
	G.711ApI
	87.8
	87.3
	0

	150
	80
	230
	20
	G.711ApI
	81.9
	81.4
	1

	233
	80
	313
	20
	G.711ApI
	71.1
	70.6
	1
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