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differences between this prepublication and the published version. 



 

 

FOREWORD 

The International Telecommunication Union (ITU) is the United Nations specialized agency in the field of 
telecommunications. The ITU Telecommunication Standardization Sector (ITU-T) is a permanent organ of 
ITU. ITU-T is responsible for studying technical, operating and tariff questions and issuing 
Recommendations on them with a view to standardizing telecommunications on a worldwide basis. 

The World Telecommunication Standardization Assembly (WTSA), which meets every four years, 
establishes the topics for study by the ITU-T study groups which, in turn, produce Recommendations on 
these topics. 

The approval of ITU-T Recommendations is covered by the procedure laid down in WTSA Resolution 1. 

In some areas of information technology which fall within ITU-T's purview, the necessary standards are 
prepared on a collaborative basis with ISO and IEC. 

 

 

 

NOTE 

In this Recommendation, the expression "Administration" is used for conciseness to indicate both a 
telecommunication administration and a recognized operating agency. 

Compliance with this Recommendation is voluntary. However, the Recommendation may contain certain 
mandatory provisions (to ensure e.g. interoperability or applicability) and compliance with the 
Recommendation is achieved when all of these mandatory provisions are met.  The words "shall" or some 
other obligatory language such as "must" and the negative equivalents are used to express requirements. The 
use of such words does not suggest that compliance with the Recommendation is required of any party. 

 

 

 

 

INTELLECTUAL PROPERTY RIGHTS 

ITU draws attention to the possibility that the practice or implementation of this Recommendation may 
involve the use of a claimed Intellectual Property Right. ITU takes no position concerning the evidence, 
validity or applicability of claimed Intellectual Property Rights, whether asserted by ITU members or others 
outside of the Recommendation development process. 

As of the date of approval of this Recommendation, ITU [had/had not] received notice of intellectual 
property, protected by patents, which may be required to implement this Recommendation. However, 
implementors are cautioned that this may not represent the latest information and are therefore strongly 
urged to consult the TSB patent database. 
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APPENDIX II  
(to ITU-T Recommendation G.114) 

Guidance on One-way Delay for Voice over IP 
II.1 Introduction 
This appendix gives additional guidance on the application of Recommendation G.114.  The main purpose is 
to provide practical information for end-to-end VoIP network planning. Also, this appendix provides a 
linkage to the IP Network delay objectives in Recommendation Y.1541. 

II.2 Achieving Satisfactory Delay  
For many intra-regional (e.g., within Africa, Europe, North America) routes in the range of 5000 km or less, 
users of VoIP connections are likely to experience mouth-to-ear delays < 150 ms. Appendix III/Y.1541 
illustrates this calculation using reference terminals with a total of 50 ms mean delay (10 ms packets).  The 
calculation shows that the 100 ms objective of Y.1541’s Class 0 can be met with a well-engineered access 
network (with a T1 or E1 rate or larger as Y.1541 requires) and with as many as 12 network routers.  
Appendix X/Y.1541 shows that similar speech quality can be maintained with reference terminals 
contributing a total delay of a less stringent 80 ms (using 20 ms packets and robust packet loss concealment). 

For inter-regional routes covered terrestrially, even those traversing the 27,500 km of the ITU’s traditional 
worst-case Hypothetical Reference Connection, a VoIP mouth-to-ear path is likely to see a delay of just over 
300 ms.  This assumes terminals contributing a total of 80 ms delay (20 ms packets), a well-engineered 
access network and supporting IP network paths encountering 20 or fewer network routers (as per Appendix 
III/Y.1541). Of course, it is extremely unlikely that the worst case of 27,500 km will be encountered by 
many calls. For the much more frequent inter-regional calls of, for example, 10, 000 km or less, the 
corresponding delays would be approximately 225 ms – certainly not as low (or as desirable) as 150 ms, but 
still quite satisfactory for the vast majority of users. 

Whilst delays in the mid-200 ms range may not be a serious problem for long inter-regional calls, where 
users expect calls to be somewhat different from regional calls, it is critical that network planners do not 
allow local and regional calls to encounter such delays because user expectations are that such calls be 
completely delay-transparent. 

Whilst it is recognised that using VoIP technologies will increase the delays well above that of non-
packetized TDM transmission, this analysis demonstrates that the widespread use of end-end VoIP need not 
cause problematic delays if appropriate care and planning is exercised.  
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